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Loudness, Pitch and the Timbre of Musical Tones and Their Relation to the Intensity, 
the Frequency and the Overtone Structure 


HARVEY FLETCHER, Bell Telephone Laboratories 
(Received August 20, 1934) 


HE musical tone is usually described by 

giving three characteristics, namely, its 
pitch, its loudness and its timbre. The third 
characteristic mentioned is frequently called 
tone color or tone quality. These three character- 
istics are purely subjective and are used to 
describe sensations associated with the particular 
kind of periodic disturbances in the hearing 
mechanism. As is well known such disturbances 
are caused by vibrating bodies which are coupled 
to the brain by various types of electro-me- 
chanical transmission systems. 

For a complete description of the musical 
tone one must also describe the attack and 
release of the tone and also its duration, but I 
shall concern myself only with the steady part 
of the tone. 

Following most textbooks dealing with this 
subject it is customary to say that the three 
subjective characteristics of a musical tone, 
namely, loudness, pitch and timbre, are cor- 
related directly with the three physical quanti- 
ties, namely, sound intensity, fundamental fre- 
quency of vibration, and overtone structure, 
respectively. Experiments are discussed in this 
paper which show that such a simple one-to-one 


relationship does not exist and that instead each 
of the three subjective characteristics depends 
upon all three of the physical characteristics 
mentioned. For example, the pitch of a musical 
tone depends not only upon the fundamental 
frequency of vibration but also upon the over- 
tone structure and the total sound intensity of 
the tone. The loudness depends not only upon 
the intensity of the tone, but also upon its 
fundamental frequency and overtone structure. 
Similarly, the timbre depends not only upon the 
overtone structure but also upon the funda- 
mental frequency and the total intensity of the 
tone. In order to deal with these relationships 
in a quantitative way, it is necessary to define 
as accurately as possible the meaning of the 
terms involved. 


INTENSITY 


The intensity of a musical tone is sometimes 
loosely defined as the energy of vibration. It is 
evident that such a definition is not sufficiently 
comprehensive for our purposes. The intensity 
of the source of sound can be taken as the total 
sound power radiated by it—a perfectly definite 
concept. However, if we desire to relate intensity 
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to loudness, it is necessary to define it as it 
exists at the position of the listener. This is 
somewhat difficult, especially for a diffuse sound 
field such as usually exists in a room. To simplify 
matters we here shall use a definition meant 
only to apply to the case of a free progressive 
wave train. It is only for such wave trains (and 
for such other sounds as we know by experi- 
mental trial to produce the same auditory effects) 
that we have established the relationships to be 
dealt with in this paper. When a listener is near 
a source of sound the prescribed condition is 
approximately realized. 

Our restricted definition, then, is this: The 
sound intensity J is the sound energy transmitted 
per unit of time by a unit area of the wave front 
and in the direction of propagation of the wave. 
Let P stand for the effective sound pressure, 
V for the effective particle velocity, p for the 
density of the transmitting medium and c for 
the velocity of propagation. It is well known 
that these quantities are related by the equations 
shown below: 


J =P*/ pc = pcV?. (1) 


It will be seen from these equations that a 
measurement of either J, P or V will be sufficient 
to determine the sound intensity for such waves. 
Instruments are available for making such 
measurements. It has been found convenient to 
deal not with J but with logis (J/Jo), Jo standing 
for some chosen reference intensity. The reference 
sound intensity Jo which has been adopted for 
such work is 10~* watts per square centimeter, 
and the name intensity level, (I.L.), has been 
given to the logarithmic ratio logi9 (J/Jo). The 
unit of intensity level is called the bel. One- 
tenth of this unit is the decibel. Therefore 


I.L. (bels) =logio (J/Jo) =2 logio (P/Po) 
=z log io (V/ Vo), (2) 


where the reference pressure Py and the reference 
velocity Vo have the values for air of approxi- 
mately 0.0002 dyne per square centimeter and 
0.000005: centimeter per second. These relations 
are not strictly true because the value of pc 
varies both with changes in temperature and 
changes in the barometric pressure. But in most 
cases such changes affect the intensity level by 
negligible amounts. 
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FREQUENCY 


By frequency is meant the frequency of 
vibration of the sound source or of the particles 
transmitting the wave. If we are dealing with a 
pure tone this concept is definite and is the 
number of complete cycles executed per second, 
There is no name for the unit of frequency but 
it is usually designated by c.p.s. For the case 
of a complex musical tone, in general, it js 
ambiguous to speak of the frequency except for 
those tones which have harmonic components, 
This last class comprises a large part of the 
musical tones used and the fundamental fre- 
quency of the series is usually taken as the 
frequency for the tone. For complex tones having 
overtones which are not harmonic, there is no 
single frequency which is characteristic of the 
tone. In any case one can speak with definite 
meaning of the frequencies of the sinusoidal 
components of the tone. 


OVERTONE STRUCTURE 


The steady part of a tone can be described by 
giving the frequency, the intensity and the phase 
of each component of the tone. Except at very 
high intensities it has been found that changes 
in phase produce only small changes in the 
sensation produced upon the listener. So except 
for these high intensities the overtone structure 
is sufficiently described by giving the relative 
intensity and relative frequency of each compo- 
nent at the position of the listener. Unlike the 
intensity J; and the frequency f; which can be 
represented each by a single number, the over- 
tone structure requires a series of pairs of 
numbers for its representation. If I2, Js, I4:--; 
and fo, fs, fa: + -f, represent these intensities and 
frequencies, then the overtone structure S may 
be indicated by any arrangement of the pair of 
numbers representing corresponding intensities 
and frequencies. One such arrangement which 
is convenient and used in this paper is as follows: 


fo/fi  fs/fr_ fa/fa fe/fi 
So : ; , = 
To/I, Is/T, s/h I,./T, 








(3) 


For example, a harmonic tone with ten compo- 
nents all equally intense will have the overtone 
structure 
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According to this definition the overtone 
structure for reproduced music is the same 
whether it is reproduced softly or loudly, pro- 
vided, of course, that the transmission system 
has no nonlinear distortion. Also, the overtone 
structure of a musical tone coming from a 
phonograph record will be the same within 
certain limits whether the turntable is rotated 
rapidly or slowly. It is also frequently convenient 
to represent the overtone structure graphically 
as an acoustic spectrum. 

Apparatus and methods are available for 
making accurate measurements of intensity, 
frequency and overtone structure but not for 
measuring any of the subjective characteristics, 
loudness, pitch or timbre. A skilled musician 
listening to a tone can judge what these three 
characteristics are with a fair degree of accuracy, 
but except perhaps for pitch, he has no adequate 
scale on which to represent them. Even for pitch 
the musical staff is quite inadequate to represent 
certain kinds of pitch changes. For greater 
definiteness it is necessary to choose scales and 
methods for determining where the pitch of a 
given tone is located on these scales. 


LOUDNESS 


The loudness of a sound is that subjective 
characteristic which is recognized as the magni- 
tude of the sensation. It probably is directly 
related to the total nerve energy being sent to 
the brain from the hearing mechanism. This 
magnitude is called the loudness of the sound. 
It is easier for a listener to determine which of 
two sounds is louder when one is presented 
directly after the other rather than to estimate 
the absolute loudness of either one sounding 
alone. For this reason a reference tone for loudness 
comparisons has been adopted. This tone has a 
frequency of 1000 c.p.s. and no overtones. The 
loudness level of this tone is taken as its intensity 
level, that is, equal to the number of decibels 
above the reference intensity of 10-!* watt per 
square centimeter. The loudness level of any 
other musical tone either pure or complex is 
given by the intensity level of this reference tone 
when its intensity level is adjusted so that as 
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LOUDNESS LEVEL IN 08 


Fic. 1. Relation between loudness and loudness level. 


judged by a group of observers its loudness is 
equal to that of the tone being tested. Experi- 
mental technique for making such judgment tests 
of loudness and the results of a large number of 
such tests are given in a paper entitled Loudness, 
Its Definition, Measurement and Calculation.: In 
this paper it is shown that if we start from the 
definition of loudness given above, namely, the 
“magnitude of the sensation,’’ numbers can be 
found to correspond to loudness in such a way 
that when a group of observers judge the loud- 
ness to be doubled, the corresponding numbers 
will be in a ratio of 2 to 1, etc. Because of this 
one-to-one correspondence, these numbers were 
taken to represent loudness as sensed by typical 
observers. They are related directly to the 
loudness level as shown by the curve of Fig. 1. 
In the paper mentioned above these numbers 
were designated by the letter NV. A formula was 
developed for calculating N from the total 
intensity J,, the frequency f; and the overtone 
structure. The loudness depends upon all three 


1H. Fletcher and W. A. Munson, J. Acous. Soc. Am. 5, 
82 (1933) and Bell Sys. Tech. J., October, 1933. 
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Fic. 2. Loudness level of pure tones. 


quantities. Utilizing the results from the large 
number of experimental tests on the loudness of 
tones of varying composition, it was possible to 
derive an empirical equation which shows this 
relationship. Instead of discussing this equation, 
I will give some curves calculated by it which 
show how the intensity, frequency and the 
overtone structure affect the loudness level. In 
the first set of curves given in Fig. 2, this 
relationship is shown for pure tones. As stated 
before, these results are for free air waves, that 
is, Waves coming directly from the source and 
with the observer facing such a source and 
listening with both ears. The abscissa gives the 
intensity level of the pure tone at the position 
where the observer is to listen, that is, it gives 
the number of db above 107 watt per square 
centimeter sound intensity. The ordinate gives 
the loudness level as defined above. The 45° 


line represents the 1000 c.p.s. reference tone, for: 


by definition the intensity Jevel and loudness 
level are the same for this tone. It will also be 
seen from these results that for pure tones having 
frequencies between about 500 c.p.s. and about 
6000 c.p.s., the loudness level is approximately 
equal to the intensity level. As the frequency 
becomes lower than 500 c.p.s. or higher than 
about 6000 c.p.s. the departure from such a 
one-to-one relationship becomes increasingly 
greater. For example, consider a tone having a 
frequency of 50 c.p.s. The intensity level must 


be raised to a value of 53 db before the tone js 
heard. Its loudness level then rises very rapidly 
as its intensity level is increased, the two being 
equal at a level of about 90 db. It is seen that 
an increase of about 37 db in the intensity leve| 
of this tone changes its loudness level 90 db. As 
will be seen from these curves all pure tones 
having frequencies below about 500 c.p.s. have 
this general property of increasing in loudness 
level much faster than the intetsity level 
increases. It is this property of tones that makes 
the bass in a musical selection become much 
more prominent when it is heard at close range 
or when it is reproduced very loudly than when 
it is heard at a distance or when it is reproduced 
very softly. 

Now let us see what effect adding an overtone 
structure to this tone will have upon the loudness 
level. Let us consider the overtone strcture 
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This represents a tone with ten harmonics all 
equally intense including the fundamental. The 
set of curves in Figs. 3 and 4 represents the 
relation between loudness level and intensity 
level for tones having such an overtone structure. 
The numbers attached to each curve give the 
fundamental frequency of vibration. In Fig. 3 
the 1000 cycle pure tone and the 100 cycle 
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Fic. 3. Loudness level vs. intensity level of harmonic tones 
having 10 equally intense components. 
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Fic. 4. Loudness level vs. intensity level of harmonic tones 
having ten equally intense components. 


pure tone are included for comparison purposes. 
The curve for f;=500 c.p.s. is repeated in Fig. 4 
so that the other curves may be compared to it. 
It is seen that changing the overtone structure 
from no overtones to 9 equally intense ones has 
increased the loudness level from 20 to 60 db for 
the particular tone having the fundamental 
frequency of 100 c.p.s. and an intensity level of 
51 db. As seen from Fig. 1 this corresponds to 


2 3 t 


Piano fi=131 So 
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a loudness change from 90 to 4000. Increases 
are produced on all the tones by making such a 
change in the overtone structure but this increase 
is least at the higher intensities. It will be seen 
that for tones having such an overtone structure 
the loudest tones are those having a fundamental 
frequency between 400 and 800 c.p.s. These 
quantitative results show why it is easy to 
increase the loudness of a musical tone by 
increasing its overtone content, a practice which 
is common in producing musical tones. Practi- 
cally all the loudness of the tones from the 
piano strings of low pitch is due to the higher 
overtones. 

It is interesting to note here that the 500 cycle 
tone with its harmonics has a loudness level 
which is about 20 db higher than its intensity 
level, that is, 30 db higher than the intensity 
level of the single 1000 cycle component. It is 
evident then that this component must be raised 
30 db or its intensity increased 1000-fold to be 
as loud as the tone produced by adding the other 
9 components of equal intensity to it. 

In Fig. 5 there is a third set of curves which 
shows the relation between loudness level and 
intensity level for four tones having different 
overtone structures corresponding to the musical 
instruments noted on the curves. These four 
overtone structures are as follows: 


5 6 7 8 9 10 11 





3 5 6 


0.4° 0.06 0.01. 0.13' 0.13' 0.13° 0.05° 0.02’ 0.01' 0.003° 


7 8 9 10 =il 12 





Clarinet f1=262 


2 3 + 


Violin S3— 


0.3’ 0.01 0.03' 0.01’ 0.4 0.16' 0.25 0.02’ 0.01" 


5 6 7 8 9 10 





fi = 392 


2 3 4 
Voice ‘‘Ah” f,=147 So 


0.8 0.01 0.13’ 0.03 0.3 0.03’ 0.01° 0.04’ 0.04 


5 6 7 8 9 10 11 





It is seen that for these tones the intensity level 
is a fair measure of the loudness level in the 
region of the lower levels. However, at the higher 
levels the loudness level is from 5 to 14 db higher 
than the intensity level. 

Enough has been given to show that the 
loudness of a musical tone as experienced by a 


0.4’ 0.06’ 0.01° 0.13 0.13’ 0.13’ 0.05' 0.02' 0.01' 0.003 


typical observer depends upon the three physical 
quantities, namely, intensity, frequency and 
overtone structure. Nevertheless, the loudness 
changes more rapidly with changes in the 
intensity than with changes in the other two 
variables. Those who are interested in studying 
this relationship in more detail should read the 
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Fic. 5. Loudness level vs. intensity level of some typical 
musical sounds. 


paper Loudness, Its Definition, Measurement and 
Calculation. 


PITCH 


The pitch of a musical tone is that subjective 
characteristic which enables the listener to locate 
the position of the tone on a musical scale. It is 
probably related to the position of the stimu- 
lated nerve endings on the basilar membrane in 
the ear. Because of its subjective character the 
measurement of pitch can only be made by 
judgment tests. Since individuals vary in such 
judgment tests, it is necessary to use several 
listeners and average the results in order to get 
something that may be called characteristic of a 
“typical’’ listener. The variations from one 
individual to another in such tests are particu- 
larly interesting from a psychological standpoint, 
but that phase of the subject will be handled in 
another paper and just the mean values given 
here. 

As was the case for loudness a greater accuracy 
can be obtained for pitch determinations by 
choosing a reference standard. The reason why 
the need for such a reference tone has not been 
apparent is due to the general acceptance of the 
false idea that the pitch is definitely determined 
by the frequency of vibration and that conse- 
quently a measurement of the latter determines 
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the former. As we shall see, experiments indicate 
that this one-to-one relationship does not hold 
and indeed for some cases of complex tones the 
frequency of vibration is indeterminate since 
such a tone is composed of a number of non- 
harmonic components. For most musical tones, 
however, the components have frequencies which 
are multiples of a fundamental, and for such 
tones this fundamental frequency may be con- 
sidered as the frequency corresponding to the 
tone. For these reasons, it is necessary to define 
a reference tone and a scale for determining the 
pitch of a musical tone. 

It would seem reasonable to choose for such a 
reference tone a pure tone which had a constant 
intensity level but which was capable of being 
varied throughout the pitch range. However, 
keeping the intensity level constant would mean 
that the tone could not be heard at the low 
pitches unless a very high intensity level were 
chosen. For these and other reasons it seems 
more logical to choose a constant loudness level 
for the comparison tone and I am suggesting 
that this be done as outlined below. 

A scale for representing this reference tone 
has not been generally agreed upon. It is difficult 
to use the ordinary musical scale for this purpose 
since equal shifts upward or downward do not in 
general correspond to the same number of semi- 
tones change. This is evident when it is pointed 
out that from the first line of the treble clef to 
the next line corresponds to a 3 semi-tone change, 
while from the second to the third line corre- 
sponds to a 4 semi-tone change. Also, there is no 
convenient way to represent changes smaller 
than the semi-tone. Either a frequency scale 
expressed in c.p.s. or a logarithm of the frequency 
scale expressed in octaves might be used and 
both will probably be found useful. If the latter 
is used it will be convenient to refer to it as 
frequency level. Also, a reference frequency 
must be chosen to make the scale definite. If we 
choose 16.35 c.p.s. for this reference frequency, 
then the even octaves will correspond to the 
note C of a musical scale of international pitch 
(A =440 c.p.s.) and also the zero or reference 
pitch will correspond approximately to the lowest 
pitch that is audible to the average ear. When 
it becomes desirable to use smaller units than 
octaves, one can use either decimal fractions of 
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Fic. 6. Intensity level and db above threshold of reference 
tone for pitch. 


an octave or full tones corresponding to 1/6 
octaves or semi-tones corresponding to 1/12 
octaves. Such a scale corresponds more nearly 
to the scale familiar to musicians. 

However, the physicist may prefer to use the 
frequency scale. For one reason, the components 
in most musical tones are separated by uniform 
frequency differences and not by uniform pitch 
differences. The relationship between the two 
scales is given by the following equation. 


Frequency level (octaves) 


=loge (f/16.35) == 3.32 log io f —4.03. (4) 


When using either scale, we must definitely 
choose some loudness level for this reference 
tone. This choice is somewhat arbitrary. It 
should be one which can be readily obtained 
with simple apparatus and if possible taken in 
the range where the pitch changes least rapidly 
with changes in loudness level. For these reasons 
I have chosen it as 40 db. The intensity levels 
required at different vibration frequencies which 
will produce a 40 db loudness level have been 
determined and are given in Fig. 6. The pitch of 
any unknown tone can then be determined by 
judgment tests by adjusting the frequency of the 
reference tone until it appears to have the same 
pitch as that of the tone whose pitch is desired. 
Then the frequency or frequency level of the 
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reference tone gives the pitch of the unknown 
tone in c.p.s. or octaves above 16.35 c.p.s. This 
choice of a reference tone and scales for repre- 
senting pitch will be used in this paper. The 
choice is admittedly somewhat arbitrary but it 
is hoped that those interested in this subject 
will give it as well as other possibilities con- 
sideration so that we may come to a common 
agreement about the best method for repre- 
senting the pitch. 

Let us now consider some of the results of 
judgment tests of the pitch of different kinds of 
musical sounds. It is commonly assumed that 
the fundamental frequency of a tone determines 
its pitch. This is not generally true for pure or 
for complex tones. It has been known in a 
qualitative way for some time that pure tones 
having a constant frequency decrease in pitch 
as the loudness level increases. Recently Ziir- 
muhl? and Stevens* and others have reported 
some quantitative work which indicates that 
tones having frequencies below about 2500 cycles 
per second become lower in pitch while those 
having frequencies above this value increase 
slightly in pitch as the loudness level increases. 
These observers as well as others have com- 
plained of the difficulty of obtaining pure tones 
having very high loudness levels. Inasmuch as 
the stereophonic system used in the demon- 
stration of music in auditory perspective given 
before the National Academy of Sciences in 1933 
was available in our Laboratories, it has been 
used to produce such loud pure tones for the 
purpose of checking some of these pitch varia- 
tions with increases in the loudness level. Our 
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Fic. 7. Pitch change as a function of frequency level and 
loudness level. 





2 Ziirmuhl, Zeits. f. Sinnesphysiologie, 1930. 
3 Stevens, Am. Psych. Soc., Boston meeting, 1934. 
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Fic. 8. Pitch change as a function of frequency and loudness level. 


results agree in a general way with those of 
previous observers although we were able to 
cover a greater range of intensities and fre- 
quencies. Guided by our results‘ as well as those 
of the observers mentioned above, I have plotted 
these pitch changes as obtained by typical 
observers on the scales we have described above. 
The results are given in Figs. 7 and 8. 

In Fig. 7 the abscissae are plotted as the 
frequency level in octaves above the reference 
frequency of 16.35 c.p.s. and the ordinates are 
plotted as the difference between the pitch 
observed and the frequency level expressed in 
fractions of octaves at the left and as semi-tones 
at the right of the figure. In Fig. 8 the same 
curves are plotted with frequencies expressed 
in c.p.s. as abscissae and percent change of pitch 
expressed in c.p.s. as ordinates. By using a 
logarithmic scale for the abscissae these curves 
have approximately the same shape as those in 
Fig. 7. If pitch change in cycles had been plotted 
as ordinates the graph would show large de- 
partures from the 0 line at the higher pitches 
whereas the differences as perceived by the ear 
are almost imperceptible. For such small changes 
the percent change in frequency is approximately 
proportional to the change in’frequency level 
which accounts for this similarity. The ordinate 
is labelled pitch change since it is the pitch 
change experienced when a tone of constant 


4Qur results on pitch are only preliminary ones. More 
extensive tests are now in progress. 


frequency is raised in loudness level from 40 db 
to levels indicated by the small numbers on the 
curves. For example, when the loudness of a 
pure tone having a frequency of 261 c.p.s., that 
is, a frequency level of 4 octaves above 16.35 
c.p.s., corresponding to middle C on the piano 
scale, is increased from 40 to 80 db, its pitch is 
lowered 0.11 octave, 1.3 semi-tones or 8 percent 
change in frequency. 

It will be seen that in the octave below middle 
C these pitch changes are greatest. For very 
low pitches and for pitches between 6 and 8 
octaves only slight changes occur. Above octaves 
most observers experience an increase of pitch 
with increase of intensity rather than the reverse. 

The following comparison is interesting. Let 
A be a tone defined by f=200 c.p.s. and L.L. 
=40 db; B, a tone defined by f=400 c.p.s. and 
L.L.=40 db; C, a tone defined by f=222 c.p.s. 
and L.L.=100 db; and D a tone defined by 
f=421 c.p.s. and L.L.=100 db. Then the tone 
C has the same pitch as A and the tone D the 
same as B. Since A and B are just one octave 
apart in pitch, then C and D must be one 
octave apart in pitch although their frequencies 
are 222 c.p.s. and 421 c.p.s., respectively. To 
check this result C and D were sounded alter- 
nately and were judged to be just one octave 
apart in pitch. When they were sounded to- 
gether, however, they were very discordant. 

Let us now turn our attention again to the 
tone having harmonic overtones and a funda- 
mental frequency of 100 c.p.s. As the intensity 
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level of this complex tone is decreased, the lower 
pitched components go below the threshold of 
hearing. Under such circumstances what happens 
to the pitch? The answer given by comparison 
tests is that the pitch does not change except by 
the small amount to be expected from tests on 
pure tones. If this is true, one then immediately 
inquires what will happen to the pitch of this 
tone having 10 components if some of the 
components in the lower pitch range are elimi- 
nated. The answer again is that the pitch does 
not change. This remarkable fact was pointed 
out in a paper® about 10 years ago. The experi- 
ments at that time were made with tones 
produced by a telephone receiver held to the ear. 
Recently, these experiments have been repeated 
and extended by means of the loud speakers 
used in the auditory perspective demonstration. 

The 10-tone generator used in our work on 
loudness and described in the paper' referred to 
above was used for generating tones having 
frequencies of 100, 200, 300, 400, 500, 600, 700, 
800, 900 and 1000 c.p.s. Results were found to 
be similar to those found earlier when using 
head receivers. If any four consecutive tones 
were sounded the pitch obtained by judgment 
tests using the reference tone for pitch was found 
to be 100 c.p.s. If the tones 400, 600, 800, 1000 
were sounded simultaneously, the pitch is 200 
c.p.s. A particularly interesting combination is 
the following. When the tones corresponding to 
frequencies 400, 600, 800 and 1000 are sounded 
together, the pitch is 200 cycles per second. If 
to this combination, frequencies of 500, 700 and 
900 c.p.s. are added, the pitch of the combination 
drops to 100 cycles per second. That is, we 
have this peculiar phenomenon, that the addition 
of three components, all of which have frequencies 
above 500 c.p.s., to a certain complex tone will 
produce a lowering in pitch in the complex 
tone from 200 to 100 c.p.s. 

A complex tone whose components have a 
harmonic series of frequencies has a very definite 
pitch. This pitch corresponds approximately but 
not exactly to that of the fundamental of the 
series. For example, a tone having five such 
components with a fundamental frequency of 
200 c.p.s. changed downward in pitch only one- 





°H. Fletcher, Phys. Rev. 23, 427 (1924). 
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third of a semi-tone as the loudness level was 
raised from 40 db to 100 db. This corresponds 
approximately to the change in pitch of either 
of the upper three components if it were sounding 
alone. On the other hand, it was seen that a 
200 cycle pure tone changed 5/3 semi-tones or 
5 times as much as the complex tone for this 
same loudness change. Therefore, the pitch of 
the complex tone at a loudness level of 100 db 
is 4/3 semi-tones higher than that of the pure 
200 cycle tone. When these tones were sounded 
alternately on this high loudness level it was 
found that the pure tone was actually lower in 
pitch by approximately the amount indicated 
by the above figures. However, if the two are 
sounded together they are not discordant for 
under such circumstances a new tone different 
from either is formed. In this new tone the 
fundamental is strengthened and the pitch of 
the resulting combination is slightly lowered so 
that it is about one-half semi-tone below a pitch 
of 200 c.p.s. So one cannot conclude that since 
two tones sounding separately are slightly differ- 
ent in pitch, when they are sounding together 
they will be discordant. They may or may not 
be so. A combination will be harmonious or not, 
depending upon the frequencies rather than on 
the pitch of the components. These facts con- 
cerning the relation between pitch and frequency 
will, when thoroughly understood no doubt have 
a bearing upon the composition and rendition of 
music and also upon the tuning of musical 
instruments. 


TIMBRE 


This characteristic of a musical tone is not so 
easy to define as the other two which have been 
discussed. One might use these other two char- 
acteristics in such a definition and say that it is 
that characteristic which enables one to judge 
that two tones are dissimilar while still having 
the same loudness and pitch. Timbre is fre- 
quently defined as that characteristic of the 
sensation which enables the listener to recognize 
the kind of musical instrument producing the 
tone, that is, whether it is a cornet, a flute or a 
violin. But it is commonly known that the timbre 
of tones coming from two different violins may 
be greatly different and we have no adequate 
language to express this difference. Such a 
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language is greatly needed. Very little experi- 
mental work of scientific value has been done on 
timbre. It is true that considerable work has 
been done in attempts to find the overtone 
structure of musical tones, but such work is 
very different from obtaining judgment tests 
under scientific control of various types of 
musical tones. By analogy with what has been 
said on pitch and loudness it seems advisable to 
choose scales and a reference tone for making 
comparisons of timbre. It is well known that 
changes in overtone structure produce corre- 
sponding changes in the timbre but it is not so 
well known that changes in loudness or pitch, 
without in any way changing the overtone 
structures, will also produce changes in timbre. 
For example, when a violin sound is reproduced 
over a high quality reproducing system in such 
a way that its overtone structure is unchanged 
but its intensity amplified so as to have a loud- 
ness level 10 or 20 db higher than the sound 
coming directly from the violin, then it no longer 
sounds like a violin. Certainly the timbre has 
been greatly changed. Consequently, in selecting 
a reference tone for timbre comparison, we must 
select apparatus so that the intensity of the tone 
produced, its frequency and its overtone struc- 
ture can be varied throughout the audible range. 
Such a tone generator would be very difficult to 
build. Some attempts have been made to con- 
struct such a generator but no one has succeeded 
in devising as versatile a one as is required. 

The problem becomes much more simple if we 
limit the overtone structure to a simple harmonic 
one, which after all is the important type of 
overtone structure with which we are concerned 
in most music. At the present time such a 
generator for producing a reference tone for the 
comparison of timbre is being developed in our 
laboratory and I understand that similar at- 
tempts are being made in some of the other 
research laboratories. It is only when these 
machines become available and judgment tests 
are made that we shall begin to trace out the 
complicated ways in which timbre is related to 
the frequency, the intensity and the overtone 
structure of a musical tone. Enough has already 
been said to show that timbre depends upon all 
three of these physical characteristics. 

Thus we see that of the three characteristics 
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of the sensation experienced by one listening to 
a musical tone, the loudness depends principally 
upon the intensity, but changes in the frequency 
or the overtone structure may sometimes produce 
large changes in loudness. Also, the pitch de- 
pends principally upon the frequency but changes 
in the intensity produce small changes in the 
pitch and certain types of changes in the overtone 
structure may produce large changes in pitch, 
And finally, the timbre depends principally upon 
the overtone structure, but large changes in the 
intensity and the frequency also produce changes 
in the timbre. 

These results can be at least partially explained 
by the mechanism of hearing. Although it is 
not my purpose to discuss this phase of the 
subject in any detail here, it may be of interest 
to mention the following. The peculiar phe- 
nomena of loudness are no doubt principally due 
to the ear acting as an analyzer separating the 
components having different frequencies in such 
a way that they produce stimulations on different 
sets of nerves. It is the summation of these 
different stimuli that gives us the sensation of 
loudness. Except for very low or very high 
frequencies, the pitch is probably determined by 
the position of the nerves of maximum stimula- 
tion. The fact that the pitch changes with 
intensity changes is probably due to the following 
dynamical facts. 

When a resonator is forced to vibrate at very 
high amplitudes, its resonant frequency is some- 
times increased and sometimes decreased de- 
pending on the kind of resonator. Pendulums 
and tuning forks decrease while stretched strings 
increase their resonant frequencies for high 
amplitudes. For both classes of resonators, the 
restoring force is proportional to the strain for 
small amplitudes. For large amplitudes for the 
first class the restoring force is less and for the 
second class it is greater than it would be if this 
proportionately extended to the high amplitudes. 
This change in the restoring force accounts for 
the difference. Apparently the resonators in the 
ear act like stretched strings for those frequencies 
below 2000 c.p.s. and like tuning forks above 
that frequency. This would cause the stimulated 
spot on the basilar membrane to be shifted for 
increased amplitudes by amounts sufficient to 
explain the changes in pitch observed. It is an 
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LOUDNESS, PITCH AND THE 
interesting problem of research to determine 
why the restoring forces of the resonators of the 
ear act in this way; particularly why the pitch 
changes are so large around the region corre- 
sponding to 200 c.p.s. ; 
Timbre is probably associated with the form 
of the contours of stimulation in the two auditory 
sensation areas of the brain. With these pictures 


in mind it can be seen why the total nerve 
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energy sent to the brain, the position of maxi- 
mum stimulation, and the form of the stimula- 
tion pattern in the brain all depend upon the 
three physical characteristics, namely, intensity, 
frequency and overtone structure, and conse- 
quently why these three physical characteristics 
must influence each of the three psychological 
characteristics, namely, loudness, pitch and 
timbre. 
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Aural Rectification 
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Rectification in the ear is of some importance in the study of propeller noise. Data on this 
phenomenon have been obtained by using modulated signals. Twenty out of twenty-one 
observers were able to hear the modulating frequency as a result of rectification. Quantitative 
estimates of the magnitude of this subjective tone have been obtained. Measurements have 
been made of the increase in loudness level due to rectification. Results indicate that rectification 
may be a property of the basilar membrane rather than of the ear drum or the ossicles of the 


middle ear, as previously supposed. 





I. INTRODUCTION 


N the course of some experiments to determine 
the origin of propeller noise it was discovered 
that under certain circumstances the ear itself 
seemed to supply most of the loudness. For this 
to be true it was necessary to suppose that the 
ear was capable of behaving as a rectifier at high 
intensity levels. 

No quantitative data on the magnitude of this 
phenomenon exist in the literature. The work to 
be described was undertaken to supply funda- 
mental information on this subject. 

Historically it has been known since the time of 
Helmholtz that the ear responds in a nonlinear 
manner to sounds at high intensity levels. When 
a simple tone is presented to the ear and its 
intensity gradually increased, harmonics appear 
in the sensation, one after the other, at fairly 
definite intensity levels. Such subjective tones 
arise from the unsymmetrical displacement of 
some part of the aural mechanism from the 
equilibrium position. The blame for this dis- 
symmetry has been laid at various times on the 
tympanic membrane, the ossicles of the middle 
ear, the oval window, and the cochlea. 

The experimental data available are very scant 
and unsatisfactory. Wegel and Lane! in their 
study of masking have shown that two pure tones 

of frequencies 1200 and 700 cycles, when offered 
to the ear at an intensity level of 96 db? will 
result in nineteen separate tones being heard. No 
information was given as to the magnitude of the 
subjective tones. 


* Associate Physicist. 

** Junior Electrical Engineer. 

1 Wegel and Lane, Auditory Masking and Dynamics of 
the Inner Ear, Phys. Rev. 23, 266 (1924). 

2 In this paper zero db is taken as 10-" watt/cm?. 
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More recently Lewis and Reger* have studied 
subjective tones in persons having neither 
tympanic membranes nor ossicles. In their work, 
tones of pitch 2n, 3n, ---6n in various combi- 
nations were presented to the observers, who 
were asked to judge the pitch as heard. The 
observers agreed that the tones were of frequency 
n. This result seems to indicate that rectification 
cannot be ascribed to the eardrum or chain of 
bones, but the argument is vitiated by certain 
considerations of Fletcher.t The latter believes 
that the pitch of a tone is determined by the 
regions of stimulation on the basilar membrane. 
If a weak tone of frequency n is heard, only the 
position on the membrane corresponding to this 
frequency will be stimulated. If the same tone is 
increased in intensity, positions on the membrane 
corresponding to frequencies 2n, 3n, --~- are also 
stimulated. The ear still perceives the tone as 
having pitch n. If now a tone is listened to having 
components 2n, 3n, --- but no fundamental, the 
ear still perceives it as a note of frequency n. This 
sensation can be ascribed to experience, or 
“memory” of past tones heard in which the 
frequency ” was physically present. Evidently 
rectification is not needed to account for Lewis 
and Reger’s results and their work is therefore 
inconclusive. 

In the work to be described in this paper, 
stimuli were used of such a character that 
memory could play no part in recognition of 
pitch. Pure tones in the middle band of fre- 
quencies (500 to 2500 cycles) were modulated at a 
low frequency (60 cycles). The observer listened 


3 Lewis and Reger, An Experimental Study of the Réle of 
the Tympanic Membrane and the Ossicles in the Hearing of 
Certain Subjective Tones, J. Acous. Soc. Am. 5, 153 (1933). 

‘Fletcher, Speech and Hearing, page 252, 1929. 
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to this tone. The pressure variations in the canal 
of the outer ear had the shape 


Ap=Apo(1+k cos wt) cos wt =Apo cos wt 
+(k(Apo)/2) cos (w—wi)t 
+(k(Apo)/2) cos (w-+w:)t (dynes/cm?), 


where w, and w are 27 times the modulating and 
modulated frequencies, respectively, and & is the 
percentage modulation. If all parts of the aural 
mechanism obeyed Hooke’s law, the displace- 
ment of the fluid in the inner ear would be 
x=c(Ap) cm, where ¢ is a constant. Nothing 
would be heard except frequencies in the 
neighborhood of w/2z. 

Suppose, however, that there is dissymmetry 
somewhere in the acoustical transmission path, 
such that x=c(Ap)+c,(Ap)? cm. If Ap now 
represents a modulated wave as before, x will be 
found to contain terms of frequency w, 2w, w—), 
ww, 2w+2w;, 2w+twi, w; and 2w;. The final 
terms are of the low modulating frequency and 
its harmonic, and as a sensation should appear 
quite distinct from the other terms. In the 
language of the radio engineer the ear has 
demodulated or rectified the original note. 

A simple qualitative test for the existence of 
rectification is thus to listen to a modulated note 
and observe if a note of the modulating frequency 
is present. If, in addition, means are available for 
estimating the magnitude of the rectified note in 
the ear, the taking of quantitative data becomes 
possible. Such a method was used in the following 
work. 
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II. METHOD OF OBSERVATION 


The modulated signals were presented to the 
observer through two calibrated head receivers A 
and B. Their response is shown in Fig. 1. The 
carrier frequencies used were 500, 600, 800, 1000, 
1200, 1500, 1800, 2000 and 2500 cycles taken 
from a beat frequency oscillator. A larger 
frequency range did not prove to be necessary. 
The modulating frequency in all cases was 60 
cycles, taken from the power line. Modulation 
was effected by the Heising system. The modu- 
lated signals were supplied at intensity levels 
from 60 to 100 db. A schematic diagram of the 
arrangement is shown in Fig. 2. 

The observer was isolated in a quiet room. He 
was requested to listen to the modulated signal 
and observe if the 60-cycle rectified note was 
present. If so, he was allowed to switch to a 60- 
cycle voltage of adjustable amplitude, and alter 
the intensity of this comparison note until it was 
the same loudness as the rectified note. The 
magnitude of the 60-cycle voltage so adjusted 
was then read in the equipment room, and 
represented the observer’s judgment of how 
much rectification was observed at that carrier 
frequency and that intensity level. 

It was soon discovered that the rectified note 
took appreciable time (10 to 15 seconds) to build 
up in some cases. Observers were therefore 
requested to wait for that length of time before 
attempting to match loudnesses. 

As a precaution to avoid prejudice and 
memory effects in matching, the observer was 
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Fic. 1. Calibration of head receivers A and B. The mean of the two curves was used in the com- 
putations, 
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Fic. 2. Circuit arrangement for matching tests. 


given two dials to adjust instead of one; these 
dials rotated in opposite directions to give the 
same change in amplitude. An observer might 
unconsciously remember the setting of a single 
dial, but it should be more difficult with two. The 
dials were without pointers or radial marks of 
any kind. In addition, the modulated signals 
were not given in any definite order. The 
frequency, and usually the level, was changed 
after each observation. The amount of matched 
60-cycle voltage might thus vary considerably 
from observation to observation. 

The box containing the observer’s equipment 
is shown in Fig. 3. The two unmarked dials are 
seen on either side and the control switch in the 
center. When the adjustment for equal loudness 
was completed, the observer signalled the data- 
taking operator in an adjoining room by the push 
button on the panel. The bulb on the panel served 
to notify the observer of changes in the signal to 
be supplied to him. 

The modulated signals were passed through a 
2-section high-pass filter with a nominal cut-off 
frequency at 500 cycles before entering the 
observer’s phones. This eliminated all trace of 60 
cycles from the phones. A trace of 120 cycles 
remained, which was at least 80 db down from 
the signal level. The 60-cycle comparison signal 
was likewise passed through one section of a low- 


pass filter with 100-cycle cut-off; an appreciable 
120-cycle component was thus eliminated. 

Fig. 4 shows typical modulated signals in the 
air as picked up by a distortionless microphone. 





Fic. 3. Equipment used by observers. The microphone was 
used to check the purity of signals. 
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Fic. 4. Oscillograms of two of the signals used, and the comparison wave. 
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The unmodulated wave is included for compari- 
son. The modulation 75 to 80 
percent over the frequency range. The 60-cycle 


varied from 
comparison wave is also shown. 
Twenty-one observers in all were used, twenty 
male and one female. They consisted of engineers 
and laboratory workers and were accustomed to 
accurate observation. It proved to be a simple 
matter to estimate the value of any one indi- 
vidual’s observations by noting if the comparison 
60-cycle voltage adjusted by him changed in a 
consistent manner with changes in the signal 
supplied, after much skipping about from fre- 
quency to frequency and from level to level. 
Threshold observations were taken of each 
observer at 1000 cycles and at 60 cycles; the 
first to determine if the sensitivity to the 
modulated signal was normal and the second to 
permit making possible corrections to abnormal 
60-cycle comparison voltages. The 1000-cycle 
of the 


observers showed enough 60-cycle deafness to 


thresholds varied but slightly. Five 


warrant correcting their data. 
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Fic. 5. Loudness level of rectified note vs. signal level. 


III. ResuLts oF MATCHING TEsTs 


One observer of the twenty-one could not hear 
the rectified note at any frequency at the highest 
levels. His ears apparently obey Hooke’s law up 
to 100 db intensity level. 

The other twenty furnished the data that, after 
correcting for deafness and taking averages, are 
shown in Fig. 5. The comparison voltages have 
been converted to intensity levels through the 
head receiver calibration, and thence to loudness 
levels. Since the observers were requested to 
make adjustments for equal loudness of 60-cycle 
tone and rectified tone, the ordinate has been 
labelled ‘“‘apparent loudness level of rectified 60- 
cycle note.” 

It can be seen that the rectified note was 
loudest when the 1000-cycle note was being 
modulated, and that the rectification started 
when the signal loudness was about 65 db. The 
other frequencies showed a smaller amount of 
rectified note and the effect began at higher 
levels. At 2500 cycles the consensus -of opinien- 
that the rectified note had completely 
disappeared. 
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Fic. 6. Loudness level of rectified note vs. percent modulation. 


It is interesting to note that the slope of the 
1000-cycle curve (drawn as a straight line in its 
upper portion) is such that the loudness level of 
the rectified note increases 2 db for every db 
increase in signal level. This is about the increase 
that would result if the percentage of the 
original signal that was rectified remained nearly 
constant between 75 and 90 db. Between the 
limits found, the loudness level of a pure 60-cycle 
note increases about 235 times as fast as the 
intensity level. The remaining curves have a 
tendency to approach the same slope in their 
upper regions. 

Many of the observers made mention of the 
peculiar throbbing character of the rectified note. 
The throbbing occurs at the pulse rate. One 
observer when listening to the modulated 1000- 
cycle signal at high levels described the sensation 
as similar to that experienced in going under an 
anesthetic. Many agreed that at high levels the 
rectified note dominated the original signal and 
appeared extremely loud. With this fact in mind, 
it seems strange that the rectified note should be 
matched against a comparatively weak 60-cycle 
tone. In the case where maximum rectification 
occurred, v1z., with the 1000-cycle note at a level 
of 95 db, the loudness level of the comparison 
note was only 60 db. Such a value is inadequate 
to account for the extreme loudness of the 
rectified note and for the resultant masking of the 
original signal. It must be remembered, however, 
that the rectified note is not introduced into the 


ear in the same manner as the simple comparison 
tone. As shall be seen, the rectified note is 
possibly introduced onto the basilar membrane in 
a distributed manner, and could not be expected 
to obey the Fletcher-Munson loudness formula 
obtained with unmodulated tones. 

The change in loudness level of the rectified 
note with percentage modulation was studied, 
using a frequency of 1000 cycles and a level of 
94 db. The loudness level is proportional to the 
logarithm of the percent modulation and _ be- 
comes zero at about 4 percent. The relation is 
shown in Fig. 6. 

Additional qualitative experiments were car- 
ried out with three observers to determine more 
definitely the frequency limits of the phenom- 
enon. One operator set the intensity level at a 
high value, and varied the carrier frequency back 
and forth slowly across the point where the 
rectified note appeared to vanish. The observer, 
in the “observer’s room,” flashed a signal at what 
he judged to be the vanishing point. The resulting 
frequencies are subject to the same vagueness as 
threshold observations. As an average of many 
trials it was decided that 350 to 400 cycles 
represented about the lower limit and 2200 
cycles the higher limit. 


IV. INCREASE IN LOUDNESS LEVEL DUE TO 
RECTIFICATION 


The increase in loudness when a loud pure note 
in the range from 500 to 2500 cycles is modulated 
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Fic. 7. Loudness level increase vs. signal level. 


is readily recognized by the ear. Attempts to 
estimate this increase by matching the modulated 
signal in the headphones with a pure 1000-cycle 
note were unsuccessful. Observers showed a 
tendency to match the high frequency compo- 
nents only, and the resulting increases were so 
slight as to seem unreasonable when compared 
with rough aural judgments. 

The method of masking was finally used. An 
electrodynamic speaker was excited by the 
amplified modulated signal. A sound field was 
thus supplied big enough in volume for fork 
observations. By adjustment of the observer’s 
position in front of the speaker, intensity levels 
up to 96 db could be easily attained. 

Masking measurements were made with the 
512-cycle fork audiometer described in a previous 
paper.® The procedure was to establish a definite 
intensity level at a definite spot in front of the 
speaker, as measured with a microphone; the 
microphone was then replaced by the observer’s 
ear as closely as possible, and the masking 
observations taken with this ear in the usual way. 
The signal was then supplied without the 


5E. Z. Stowell, A Tuning Fork Audiometer and Noise 
Observations in Newport News, Virginia, J. Acous. Soc. Am. 
4, 344 (1933). 


modulation and the observations repeated. The 
difference represents the increased disturbance at 
the 512-cycle position on the basilar membrane 
due to rectification, and is tentatively designated 
as ‘‘loudness level increase.’’ Since these measure- 
ments require much time and a certain amount of 
skill, but two observers were employed in this 
work and the mean of their results taken. 

The observed mean increases in loudness level 
are plotted in Fig. 7. Each point is the average of 
5 to 10 observations. As in Fig. 5, the increase is 
largest for 1000 cycles, and starts at about the 
same intensity level at which rectification begins. 
The subjective increase may amount to as much 
as 20 db or more. 

Owing to the fact that higher levels were 
obtainable than with the headphones, the upper 
frequency limit of rectification was pushed to 
3200 cycles. At 3000 cycles and a level of 90 db 
the rectified note was easily perceptible though 
weak; at 3500 cycles it had disappeared. The 
lower frequency limit somewhere between 350 
and 400 cycles seemed to be unchanged. 


V. THE PossIBLE MECHANISM OF RECTIFICATION 


Two of the facts discovered are highly signifi- 
cant: viz., (1) Maximum rectification occurs at 
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Fic. 8. Loudness level of rectified note as a function of distance along basilar membrane. 


1000 cycles. (2) The rectification becomes zero at 
400 cycles on one side and at 3200 cycles on the 
other, at least up to levels of 100 db. Wegel and 
Lane, on the basis of the Fletcher-Roaf theory of 
audition used in the paper quoted,! have shown 
that 1000 cycles stimulates nearly the exact 
middle of the basilar membrane. If the distances 
from the center to the two cut-off frequencies are 
measured along the membrane, they are 6.2 mm 
for the low frequency end and 7.9 mm for the 
high frequency end. When the loudness level of 
the rectified note is plotted against position of the 
carrier wave on the basilar membrane, curves 
result as in Fig. 8. The number on each curve is 
the loudness level of the carrier wave by itself. 
Secondary peaks are evident at 500, 1500 and 
2000 cycles. 

In a similar manner the data of Fig. 7 have 
been replotted as a function of distance along the 
basilar membrane, in Fig. 9. In a general way, the 
curves are similar in Figs. 8 and 9 and it seems 
reasonable to conclude that the increase in 
loudness level is actually the result of rectifica- 


tion. The 500-cycle and 1500-cycle peaks are 
missing in this figure and an additional one 
seems to appear at 3000 cycles. Thus, peaks of 
loudness increase appear only at alternate peaks 
of rectified note amplitude. 

The criterion for rectification is evidently that 
the middle portion of the basilar membrane must 
be stimulated. The phenomenon is thus inde- 
pendent of the tympanic membrane and middle 
ear bones, as claimed by Lewis and Reger.’ It is, 
of course, opposed to Fletcher’s view that the 
middle ear bones are responsible.® 

The fact that it is necessary to excite the 
middle portion of the membrane suggests that a 
movement of the membrane as a unit, at the 
frequency of modulation, is possible. Membranes 
having this rectifying property exist and have 
been studied by Waetzmann;’ and Schaefer has 
demonstrated theoretically that the cochlea 
probably has this property.’ Such a motion might 


6 Fletcher, Speech and Hearing, page 124, 1929. 
7 Waetzmann, Handb. d. Physik 8, 519 (1927). 
8 Cl. Schaefer, Ann. d. Physik 33, 1216 (1910). 
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Fic. 9. Loudness level increase“as a function”of distance along basilar membrane. 


account for the throbbing character of the sound . 


which makes it quite distinct from a tone of the 
same frequency externally supplied. As far as 
pitch is concerned, the rectified note is recognized 
by a stimulation of the same pitch near the end 
of the membrane that the comparison note 
excites. Evidence of this fact may be gathered 
from the fact that if an objective 57-cycle note 
is introduced into the ear along with the modu- 
lated signal, beats are obtained with the rectified 
note, and of the same amplitude as_ those 
obtained when the modulated signal is replaced 
by the matched 60-cycle tone. However, owing to 
the fact that the entire membrane is whipping 
about at the modulating frequency, the masking 
of other tones is large even though the actual 
amplitude of the rectified note is small. This 
consideration accounts for the anomalous con- 
dition whereby a 60-db note at 60 cycles appears 
to mask a 95-db note at 1000 cycles. 

The relative effectiveness of tones obtained as 
a result of rectification and those received in the 
usual way for exciting nerve terminals may be 
judged from the 1000-cycle case at a level of 95 
db. The rectified note as measured by the 
observers proved to be of a 60-db loudness level. 


At the same time, masking results indicate that 
the loudness level of the signal as a whole has 
gone up 20 db. In order to obtain this increase 
with a pure 60-cycle tone, it would have to havea 
loudness level of 115 db. Evidently the rectified 
note is more effective by 115-60 or 55 db, or bya 
factor of 560. 

On the assumption that the membrane vibrates 
as a unit while rectifying, a connection may be 
found between the curves of Figs. 8 and 9. It has 
been pointed out that only the alternate peaks of 
rectified note amplitude cause peaks of loudness 
increase. If the membrane length is taken as 
31 mm, the peaks of rectified note amplitude 
occur when the membrane is excited at positions 
corresponding to 2/3, 2/4, 2/5, --+ of its length. 
Only the excitations when the denominator is 
even result in peaks of loudness increase. 

The fact that the loudness of the rectified note 
is zero at carrier frequencies of 400 and 2200 
cycles does not, of course, mean that the physical 
amplitude of motion of the basilar membrane is 
also zero; the amplitude is simply below that 
necessary to excite the 60-cycle nerve endings for 
those frequencies farther out on the membrane. 
This fact has been qualitatively proved by 
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Fic. 10. Modified electrical analogue of the cochlea. 


modulating with frequencies higher than 60 
cycles, in which cases the rectified note in the 
phones vanishes at higher carrier frequencies than 
2200 cycles. A change in the low frequency end is 
difficult to determine. Rough observations, how- 
ever, on the high frequency end indicate that 
when the modulating frequency is 120 and 200 
cycles, the rectified note disappears at about 2500 
and 3000 cycles, respectively, with the maximum 
intensity still in the vicinity of 1000 cycles. This 
observation is consistent with the view that the 
rectified note activates the same nerve fibers as a 
simple tone of the same frequency. Less motion in 
the cochlea is required for detection of 120 and 
200 cycles than for 60 cycles, and so the apparent 
frequency range for rectification is increased. 

Fig. 10 shows Wegel and Lane’s electrical 
analogue of the cochlea, modified to account for 
its rectifying properties. The significance of the 
letters is as follows: 


E, the pressure variation at the oval window, 

Ly, the mass of the stapes, 

C,, the stiffness of the stapes, 

Iz, L3, ++ +Ln, elements of fluid mass in the scala vestibuli_, 
Ly’, L;', «+ -L,’, elements of fluid mass in the scala tympani, 


l;, lo, 13, «+ «Jn, masses of small sections of basilar membrane, 

C2, C3, «++Cy, the elasticities of small sections of basilar 
membrane, 

Aj, As, +++Ay_1, nerve terminals along the membrane, 


C;'+++, stiffness of the round window. 


The rectifiers inserted in the middle section are 
biased; they do not function until a definite 
voltage level is reached. When, for example, an 
800-cycle signal modulated at 60 cycles is 
supplied to this network, current will flow in one 
of the ammeters in the middle section. If the 
current is large enough, the rectifier will begin to 
operate. A 60-cycle note will result from the 
rectification. This power is absorbed in the 60- 
cycle branch at the end of the system farthest 
removed from E. Owing to the fact that the 
constants are lumped, it is not easy to bring out 
the possible distributed nature of the rectified 
wave. 

Further evidence that the chain of bones is not 
involved in rectification seems to be furnished by 
the frequency characteristic of the middle ear 
and cochlea obtained by Wegel and Lane.' The 
response of this mechanical system is peaked at 
about 3500 cycles, at which point there is no 
rectification at all. 
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A Precision Study of Piano Touch and Tone 
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The loudness and tone quality of a piano note are determined by the motion of the hammer at 
the time of its impact with the string—theoretically, by its velocity, acceleration and higher 
time derivatives. Practically, due to the great rigidity of the hammer shank, the influence of the 
acceleration and higher derivatives is negligible. This studyt presents exact quantitative 
confirmation of the findings of other investigators that the loudness and tone of a piano note are 
uniquely determined by the velocity of the hammer at the time of impact with the string. 





HE question of whether or not a pianist can 

control the quality or color of the tone he 
produces from his instrument by the manner in 
which he strikes the key has occupied the 
attention of many investigators and has been 
discussed at considerable length in the acoustical 
and technical literature. Musicians, especially 
the pianists themselves, usually incline toward 
the view that such control is possible, Ignace 
Paderewski being a notable exception. Physicists 
and engineers have also taken the opposite view. 
They point out that at the time of its impact 
with the string the hammer is swinging freely 
on its pivot (bearing) and is not in contact with 
the piano key or associated mechanism and 
therefore conclude that the performer obviously 
has no control over the quality of the note 
resulting from such impact. They have also 
claimed that any variation in the final or impact 
velocity of the hammer, controllable within wide 
limits by the performer, is inevitably followed by 
a definite variation in both loudness and tone 
quality,! the three phenomena being inseparable. 
Some experimenta] work has been done in sup- 
port of this thesis. 

Ortmann? has studied the motion of a piano 
hammer removed, with one complete section of 
the action, from the piano, by attaching a 
stylus to the hammer and moving a piece of 


* Deceased before the conclusion of the work. 

t Acknowledgment is made of the generous assistance of 
the University of Pennsylvania Faculty Research Com- 
mittee without whose financial assistance the work would 
have been impossible. Acknowledgment is also made of the 
generous loan of a concert grand piano by Steinway and 
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1E. Meyer, Die Klangspektren der Musikinstrumente, 
Zeits. f. tech. Physik 12, 606 (1931). 

2 Otto Ortmann, The Physical Basis of Piano Touch and 
Tone, E. P. Dutton and Company, 1925. 
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smoked paper past it in such a way that the 
stylus traced a line on the paper, which, properly 
interpreted, gave the hammer velocity as a 
graphical function of time. He has also investi- 
gated the vibrations of the string, but made no 
comparative tests on notes struck in different 
ways. 

White’ has taken oscillograms of the sound of 
notes struck by skilled pianists, and has found 
that in every case where the pianist produced a 
change in quality, he produced a corresponding 
change in loudness, and vice versa. 

It has seemed to the writers that a categorical 
statement that the pianist cannot possibly have 
separate control of loudness and quality is not 
warranted either by the dynamics of the piano 
action or the experimental evidence at hand. 
Analysis shows that the duration of contact 
between hammer and string is an important 
factor in determining the mode of vibration; and 
the duration of contact, theoretically at least, 
depends not only on the angular velocity of the 
hammer about its pivot, but also to some extent 
on a vibratory or whipping motion which it will 
inevitably suffer, due to the fact that it has 
finite mass and elasticity and suffers an initial 
strain when the key is depressed. A simple 
calculation shows that the potential energy 
stored in the hammer shank due to this strain 
is of the order of ten percent of the kinetic 
energy of the hammer head itself due to its 
angular motion about its pivot. A slight change 
in the force on the key applied by the pianist’s 


3 Wm. Braid White, The Human Element in Piano Tone 
Production, J. Acous. Soc. Am. 1, No. 3, 357 (1930). 
4 Rayleigh, Theory of Sound, Vol. 1, p. 189; K. C. Kar 
t19% " Gosh, Struck String Theory. Phil. Mag. 12, 676 
1931). 
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finger might well result in a reversal of the phase 
of the vibratory motion with respect to the main 
angular motion, thus producing a maximum 
change in the duration of contact and therefore 
in the tone quality. It is the writers’ belief that 
the question whether such control exists can 
only be settled by careful and precise experiment, 
and that the earlier experimental work does not 
completely close the issue. 

With a view to settling the question once for 
all, it was decided to record the motion of a 
piano hammer in place, under conditions as 
nearly identical as possible with those existing 
when the piano is played and at the same time 
to record the note emitted by the piano due to 
the impact of hammer on string. The use of a 
mechanical striker of accurately calculable per- 
formance would permit the key to be struck in 
a great variety of known ways. Thus the notes 
resulting from two impacts of identical final 
velocity but different motions could be com- 
pared. It was felt that the precision of such a 
comparative method would be far greater than 
that of any aural test which might be devised. 

It was believed that by the use of a mechanical 
striker a wider range in the manner of striking 
could be obtained than even the skilled pianist 
was capable of producing. This belief was con- 
firmed by the fact, explained in detail on p. 93 
that at least one distinct manner of striking 
cannot be produced on a good piano, whereas the 
mechanical striker produces it easily. 


DESCRIPTION OF APPARATUS 


The piano employed for these measurements 
was a Steinway concert grand piano chosen for 
its excellence of tone quality; and the recording 
system consisted of a condenser microphone, 
power amplifier and moving coil oscillograph. 
The amplifier was specially designed and built 
for stability and quietness of operation. The 
frequency response curve of the whole system, 
with the exception of the standard Western 
Electric microphone, was flat to within 2 db from 
40 to 10,000 cycles per second. 

The experiments were made in an acoustically 
deadened laboratory. The oscillograph drum, 
motor and arc light being noisy, this apparatus 
was placed in an adjoining room. 
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Fic. 1. Optical system for recording hammer motion. a, 
light source; b, cylindrical lens; c, piano hammer; d, lower 
slit in hammer shank templet; e, upper slit; f, stray light 
shield; g, condensing lens; h, mirrors. 


The motion of the hammer was recorded 
optically. The details of the optical system can 
best be seen from the accompanying sketch and 
photograph (Figs. 1 and 2). A small piece of 
stiff cardboard of about 0.05 mm thick, and of 
area about 10 cm? was firmly attached to the 
hammer shank. Two narrow slits were cut in 
the card, in such a position that one was hori- 
zontal near the beginning of the hammer stroke 
and the other horizontal when the hammer was 
in contact with the string. The light from an 
automobile headlight bulb was brought to a 
vertical line focus in the plane of the card. 
The spot of light so formed was twice reflected 
(in order to avoid interference by the strings and 
the heavy cast iron braces of the piano frame) 
and finally focussed on a film carried on a drum 
rotating above the piano strings. The net effect 
of the whole system was to record the displace- 
ment of the hammer as a function of time. 
The abscissas of the records represent time, to 
a scale of 183 cm=1 second, and the ordinates 
represent displacement, magnified 1.6 times. 
The slope of the curve at any point thus measures 
the velocity of the hammer at the corresponding 
instant. The resulting light traces, of which 
those of Fig. 3 are typical, consist of three parts; 
the upper spot, 7, shows the beginning of the 
hammer’s excursion. Because of the limitations 
of the available space inside the piano, this spot 
soon goes out of range, but meanwhile the lower 
spot, s, which was off scale at the start, comes 
into play, and shows the final velocity of the 
hammer and its rebound from the string. The 
pale shadow below the lower spot is due to 
exposure of the film by a band of light bounded 
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Fic. 2. Optical system attached to piano action. 


by the lower edge of the cardboard (see Fig. 1). 
Because, again, of the limitations of the available 
space, it was impossible to make the card- 
board deep enough to prevent this. It in no 
way affects the results. 

The solid line through the middle of the 
picture is due to exposure of the film through 
the upper slit before the key is depressed. The 
wavy lines and any other solid straight lines are 
formed during and after the descent of the 
hammer from the string to its bed of soft felt. 

In order to place this optical system, small as 
it was, inside the piano, it was necessary to 
remove 50 hammers. The light bulb, lenses and 
mirrors were mounted in a copper trough 4.5 cm 
square which could barely be placed in the space 
so afforded. The removal of these hammers and 
the attachment of the cardboard to the hammer 
in use are the only regards in which the piano 
was altered to adapt it to the experiments. It is 
believed that the acoustic effect of the removal 
of the hammers is negligible. In any event, 
whatever the magnitude of the change, since the 
conditions were the same for all the work, it 
enters in the same way and to the same extent 
into all the records, and therefore does not 
affect comparative results. The added weight of 
the piano key due to the addition of the card- 
board on the hammer shank was small in com- 


parison with the difference in weight from key 
to key. As to the effect of the cardboard on the 
hammer velocity itself, its presence would nat- 
urally increase rather than diminish the vibra- 
tory motion sought and could not therefore 
conceal the effect. Pianists averred that the key 
felt and the tone sounded “‘natural.”’ 

Fig. 3(a) shows the path of the hammer when 
the key is struck “percussively.’’ The hammer 
reaches its greatest velocity after a small portion 
of its journey and during the remainder is 
decelerated by the action of gravity and friction. 
Fig. 3(b) shows the path of the hammer when 
the striking is of the opposite type. The hammer 
starts its rise 1/6 sec. before impact with the 
string. The light trace of the upper spot is to 
be seen at the left. The force on the key increases 
throughout its motion, and the acceleration of 
the hammer continues until it is within a small 
‘that is, until 
the tripping mechanism has operated, and the 


fraction of an inch of the string 


hammer is free. Fig. 3(c) shows a hantmer trace 
of much greater velocity, due to a form of 
striking which lies between the first two. In every 
case, the final or impact velocity of the hammer 
is obtained from the slope of the lower trace, 5, 
at a point just ahead of the peak, which, of 
course, represents the rebound. These hammer 
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183 cm = 1 sec. 


Fic. 3. Records of hammer motion: (a) negative acceleration; (b) positive acceleration; (c) constant velocity. 
Displacement of Hammer, magnified 1.6 times. 


traces are typical of those obtained in the course 
of the measurements. 

A motor was required to drive the film drum 
to record hammer velocity. A phonograph motor 
was chosen for its silent operation and the speed 
was controlled manually by a brake. Constancy 
of speed was assured by a stroboscopic disk and 
neon lamp. Since it was desired to strike the 
piano mechanically or manually at will, with no 


change in apparatus, a magnetically operated 
shutter was employed on the oscillograph, con- 
trolled from the piano key. It combined positive- 
ness of action with silence in the laboratory. 
The limitations of the available space within 
the piano rendered it impossible, without a 
radical and difficult change in the hammer 
velocity-recording mechanism, to work on any 
notes except those of the middle octave of the 
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Fic. 4. Mechanical striker (scale reduction 6} to 1). 
The mechanical striker measures 28? inches from the 
floor to the pivot about which the beam swings. The beam 
is 38 inches long. The long thin rod isa lever which pulls the 
trigger mounted under the small wooden block shown 
immediately above the cast iron base. Withdrawing this 
trigger releases the wire shown at the left and permits the 
springs to swing the beam. The small lever and thumb 
screw shown half-way up the vertical standard permit 
variation of the equilibrium position of the beam. 


piano. In view of this, it was decided to test only 
middle C. One of the authors, Fuller, made 
extensive preliminary tests on notes from each 
octave of the piano indicating that any results 
obtained with middle C would be representative. 

A mechanical key striker was constructed. 
It is shown in Fig. 4. It consists of a brass rod 
backed with a light rigid wooden beam and 
pivoted, by means of a ball bearing, on an 
upright angle iron. Two springs are attached to 
the rod, one on either side of the pivot, and 
brought to a stationary point below it. Variation 
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of the points of application of the springs varies 
the resultant torques on the swinging beam, and 
so varies its natural frequency of oscillation. 
In addition, the whole system can be tipped 
forward or backward in such a way that its free 
oscillation takes place about a point whose 
height can be varied with respect to the height 
of the piano key at the will of the observer or 
operator. This affords two types of variation in 
the method of striking. For any given equi- 
librium position with respect to the level of the 
key, the force with which the nose of the beam 
strikes the key can be varied by moving the 
points of application of the springs toward or 
away from the pivot. Likewise, for any given 
setting of the springs, the acceleration of the 
nose at the time of impact on the key is negative 
if the equilibrium position be above the key, 
positive if below it, and zero if the equilibrium 
position is at the key level. 

The striker was calibrated with respect to the 
velocity of the hammer of C-256 for nine different 
settings: for each of three equilibrium positions, 
namely, at the key level, 10 cm above it and 
10 cm below it, three different settings were 
chosen, which caused the beam to oscillate 
freely at frequencies of approximately 1/2, 1 and 
2 cycles per second. For each such combination 
of spring settings and equilibrium position, the 
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Fic. 5. Calibration of mechanical striker. Velocity of 
piano hammer vs. height of striker above key level. The 
first reference symbol on the above curves refers to the 
equilibrium position of the striker; 1, at key level; 2, 10cm 
above key level; 3, 10 cm below key level. The second 
reference symbol refers to the free period of the striker; 4, 
2-second period; 6, 1-second period; ¢, }-second period. 
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height above the key level to which the nose 
was withdrawn was plotted against the hammer 
velocity which resulted when the striker was 
tripped. These calibration curves are reproduced 
in Fig. 5. 


METHOD OF MAKING MEASUREMENTS 


The procedure followed in making tests for the 
effect on tone of method of striking was in all 
cases the following. A certain final hammer 
velocity was roughly decided upon and the 
amplifier gain control set to give a suitable 
deflection of the light beam on the film. The 
apparatus being all prepared and the room 
noises at the lowest obtainable level, the key 
was struck, either by hand, or with the me- 
chanical striker set for a particular one of the 
nine above-noted types of striking. A pair of 
oscillograms resulted, one showing the wave 
form of the note for the first tenth of a second of 
its existence, and the other the path of the 
hammer. The films being developed and dried, 
the light trace on the second one was measured 
and the final hammer velocity determined. The 
striker was then set (or, if the first note was 
struck mechanically, reset) to give the same 
final hammer velocity with some other type of 
striking, and another pair of pictures was taken. 
It was invariably found, except when known 
sources of acoustic interference could be shown 
to exist, that the second sound picture was 
identical with the first, in the sense that the two 
negatives could be superposed,.one above the other, 
and only one sound trace could be seen. 


PRECISION OF TESTS 


The superposition test is not absolutely exact. 
A difference of the order of the thickness of the 
exposed line may easily be concealed. When 
the films are displaced slightly one from the 
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other, and enlarged twelve diameters by a 
projector, thus bringing out all existing differ- 
ences to the greatest possible extent, small 
differences can always be noted. When the films 
are placed alongside one another even without 
enlargement, as in the reproductions in this 
paper, careful examination shows minute differ- 
ences to exist at some points of every pair. 

It may be noted that in every case, if a certain 
cycle is superposed in a pair of oscillograms, 
the corresponding cycles of one-half film length 
removed are displaced relatively to each other 
(at times by 3/16 of an inch). The cause of this 
phenomenon was after much searching located 
in the asymmetry of the oscillograph drum, 
such that, for a given speed of rotation, the 
peripheral speed varied slightly from point to 
point. This was not discovered until much 
valuable data had been accumulated, and it was 
felt that since the waves could always be brought 
into phase for comparison over any single cycle 
with no observable difference in wave-length, 
the difficulty, once explained, was trivial. 

In order to determine whether or not these 
differences in the photographic records repre- 
sented minute but real differences in tone 
quality, an investigation was made of the differ- 
ences in the records obtained when the same 
note was struck twice in succession in an identical 
manner. In this case it was to be expected that 
the two resulting tones would be identical, 
inasmuch as every possible cause of difference 
was eliminated; even the noises of the piano 
action which appear as a part of the oscillo- 
graphic record, indistinguishable from the note, 
are alike. Records of the noises alone confirm 
this theory. Any difference appearing in such a 
pair of records could therefore safely be at- 
tributed to unavoidable room and street noises. 

Fig. 6 shows a single print of two negatives so 





Fic. 6. The same note struck twice in succession in an identical manner by the mechanical striker. 
Minute differences in wave form are apparent. 








86 HART, 





obtained, when the phenomena connected with 
the piano were identical. Careful scrutiny dis- 
closes minute differences. 

Graphical analysis of the differences into 
Fourier components showed them to be aperiodic. 
The small discrepancies in the match between 
the nth cycles of the two sound waves are in no 
apparent way related to the discrepancies in the 
match between the (7 — 1)th cycles. This suggests 
that the slight variation is not due to the 
vibrating string or the piano tone, but rather to 
room noise, etc. 

Direct comparison as well as harmonic analysis 
shows that corresponding cycles of two notes 
produced as nearly identically as possible are 
more nearly identical than successive cycles of 
either note. 

A careful oscillographic study of the noises 
which ensue when a blocked string is struck 
(they are very minute when recorded to the same 
scale as the note, but they may conveniently be 
studied by increasing the amplifier gain) shows 
two important things. First, the noises can be 
roughly divided into two parts: a part consisting 
mainly of high frequencies of the order of 3000 
c.p.s., which begins considerably earlier than the 
musical note, and continues for about 1/30 
second, being in some cases quite over before the 
musical note appears, and a part consisting 
mainly of low frequencies of the order of 30 to 60 
cycles per second, which continues with no 
appreciable decrease in amplitude throughout 
the length of the film. Second, the high frequency 
part varies considerably, both in regard to the 
time at which it occurs and its amplitude, as 
the method of striking is varied. The second or 
low frequency part is about one-third the ampli- 
tude of the first part and is of just the order of 
magnitude of the differences ensuing from iden- 
tical strikings. 

It is to be inferred that the first part of the 
noise has its origin in the concussion in the piano 
action itself, occurring before impact of hammer 
on string and that the second part is due to 
unavoidable room and street noises. It is to be 
expected that noises of the first kind should be 
dependent on the manner of striking, since it is 
during this part of the process that, due to the 
elasticity of felts, bearings, etc., the particular 
manner in which the impulse is delivered to the 
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mechanism has every possibility of affecting the 
result. 

In view of these studies a slight mismatch in 
the first few cycles of similar tones struck in 
radically different ways is explainable. From 
there on the match should be better, but not 
perfect except by chance. When it became 
apparent that it was impossible to obtain abso- 
lutely perfect matches, no matter how great the 
care exercised in eliminating secondary effects, 
it was necessary to adopt some criterion of 
perfection by which the results could be judged. 
Four tests were adopted, each of which has been 
satisfied by all pictures accepted as “‘matching.” 
They are (1) The difference must be below the 
level of audibility, even apart from the ‘‘mask- 
ing” effect.° (2) The difference must be aperiodic 
in character. (3) The difference must be small 
in comparison with the difference between suc- 
cessive cycles of either oscillogram. (4) The 
difference must be of no greater order than the 
difference between the records of two notes 
struck in an identical manner. 

One point should be noted with regard to test 
number three. If the difference between suc- 
cessive cycles of the same note were made up 
largely of phase differences, then the test would 
mean nothing acoustically, since, under the 
accepted and thoroughly tested view of the 
nature of the hearing process, phase shift of 
components is of no importance, the ear re- 
sponding only to the amplitude of the com- 
ponents whether in order to recognize loudness or 
quality.® Representative oscillograms have been 
analyzed graphically, by enlarging and plotting 
them to a suitable scale, with a Bush analyzer 
which gives the first ten harmonic components 
with an error of the order of 4 p.c. of the funda- 
mental amplitude. The analysis shows the differ- 
ences in the waves to be due to differences in the 
amplitudes of the components, as well as differ- 
ences in their phase relations. By first taking the 
differences between the oscillograph records, 


5 Harvey Fletcher and W. A. Munson, Loudness, Its 
Definition, Measurement and Calculation, J. Acous. Soc. Am. 
5, 82 (1933). R. R. Riesz, Loudness and Minimum Per- 
(i033), Increment of Intensity, J. Acous. Soc. Am. 4, 211 

1933). 

6 Willis Beasley, The Monaural Phase Effect with Pure 
Binary Harmonies, J. Acous. Soc. Am. 1, 385 (1930). See, 
however, the results obtained in the case of very loud tones 
by Chapin and Firestone, reported in J. Acous. Soc. Am. 5, 
173 (1934). 
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Fic. 7. Two notes struck with hammer velocities which differ by 15 p.c. The difference is inaudible. 





Fic. 8. Two notes struck with hammer velocities which differ by 35 p.c. Representative listeners 
could barely recognize the difference with assurance. 


then enlarging and analyzing them, it was 
possible to determine the nature of the differences 
with an error far less than the 4 p.c. above 
referred to. 

In view of the fact that the wave differences 
are due to amplitude differences among the com- 
ponents, they are of a type qualified to affect 
the ear. Since no one can possibly hear differ- 
ences of this type of magnitude as small as the 
difference between two successive cycles of a 
single note, it follows that test number three is 
a proper test of identity between two notes 
differently struck. 

Test number one was satisfied with no effort 
whatever. Just how much the striker height and 
loudness could be changed without any audibly 
recognizable change in the resulting tone, and 
just how much change in striker height need be 
made before the change in loudness and tone 
could be definitely recognized was determined by 
tests on seven representative listeners. Fig. 7 
shows the records of notes which the hearers 
could not recognize to be different; Fig. 8 shows 
the records of notes which the hearers could 
barely recognize, with any assurance, to be 
different. The corresponding hammer velocities 
differ by 15 percent in the first case and by 35 
percent in the second. 

Each pair of records accepted as a match is 
far more nearly alike than the records shown in 
Fig. 7 and of course than those of Fig. 8. 


Figs. 9(a), 9(b) and 9(c) show three typical 
oscillograms of the tone of middle C, all me- 
chanically struck with the same final hammer 
velocity but with three different types of striking, 
namely, with striker settings 1b, 2b and 30, 
respectively. Fig. 9(d) shows all three together, 
slightly displaced one from another. Fig. 9(e) 
shows a single print of two cycles of all three 
negatives, superimposed and enlarged. The simi- 
larity, which is representative, speaks for itself. 
The authors’ files contain a set of nine super- 
posable oscillograms, representing nine notes, one 
struck in each of the ways for which the striker 
was calibrated. 

Mr. Abram Chasins, widely known concert 
pianist, generously permitted the writers to 
record his touch and tone. Several records were 
made, two of which were chosen at random for 
matching. Fig. 10(a) shows two notes, one struck 
by Mr. Chasins and the other struck by the 
mechanical striker in a manner chosen at random 
from among the nine modes. Fig. 10(b) shows 
another of Mr. Chasins’ notes, struck as differ- 
ently as possible from the first, and the match 
made by the mechanical striker, set for the same 
mode of striking. It is significant that whereas 
Mr. Chasins struck these two notes with what he 
termed the extremes of difference in striking, 
the writers succeeded in matching them, not 
only with the mechanical striker, but with this 
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instrument set for the same type of striking on 
both occasions. 

Figs. 11(a) and 11(b) show two notes struck 
in radically different ways by Miss Helene 
Diedrichs, a teacher of piano technique of Phila- 
delphia and Boston, and the mechanically ob- 
tained match of each. While Miss Diedrichs 
described the note of Fig. 11(a) as a good tone 
and that of Fig. 11(b) as a harsh tone, the 
matches were obtained with the mechanical 
striker set for the same mode of striking in both 
cases. 

Fig. 12 shows two notes, one struck by one 
of the authors, Hart, who is not a pianist, and 
whose touch is therefore of a highly arbitrary 
character and the other struck by the me- 
chanical striker in a manner chosen at random 
from among the nine modes. 








Fig. 13 shows a similar pair, the first being 
struck by one of the authors, Lusby, the second 
by the mechanical striker. 

The authors do not wish to imply that a 
skilled pianist cannot be distinguished from a 
novice by his touch. They do conclude, however, 
that the “richness’”’ or ‘‘mellowness,”’ etc., of a 
tone produced by a novice cannot be improved 
upon or altered in any way by the skilled 
pianist playing the same key on the same piano, 
unless he chooses to vary the loudness of the 
tone. 

The skill of the pianist depends upon the way 
in which he combines tones, making certain 
tones stand out by dynamic emphasis and 
making others stand out by agogic or timing 
emphasis. There is ample justification for a 
pianist’s use of varied technique of striking, 


(a) 


(b) 








(d) 


Fic. 9. The same note struck in three different ways, but with the same final hammer velocity: 
(a) constant velocity of striker; (b) negative acceleration of striker; (c) positive acceleration of 
striker; (d) (a), (b) and (c) printed together for comparison. 
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be distinct in the upper right-hand corner of the picture. This difference is due mainly to 


| 
| Fic. 9(e). Two cycles of a, b and c of Fig. 9 superposed. The three light traces can be seen to 
inconstancy of film drum speed throughout a single revolution. For details, see text, p. 85. 








Fic. 10. (a) A note struck by Mr. Chasins and its match, struck by the mechanical striker. (b) 
Another note struck by Mr. Chasins and its match, struck by the mechanical striker, set for the 
same form of striking as in (a). (Mr. Chasins’ type of striking was radically different in the two 


cases.) 
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Fic. 11. (a) A note struck by Miss Helene Diedrichs and its mechanically obtained match. rep 





Another note struck by Miss Diedrichs differently from the note of (a) and the match made by ° < file 
mechanical striker set for the same form of striking as in (a). h 
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Fic. 12. Note struck by one of the authors and mechanically obtained match. 





Fic. 13. Note struck by the other author and mechanically obtained match. 
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A loose wrist gives him greater control of the 
shading of the force of the blow delivered to the 
string than is possible in the clumsy touch of 
the novice. The use of a stiff wrist allows him to 
play loud notes with less effort. Beyond enabling 
him to control loudness more precisely and easily 
the skilled performer’s technique of striking 
means nothing. 

The pianist has at his disposal certain means 
other than his manner of striking a single. note 
in which he controls tone quality such as damp- 
ing the tone by means of the usual damper or 
striking the key lightly a second time, or striking 
two of the three unison strings by using the soft 
pedal. These are briefly touched upon in the 
appendix. 

The records reproduced in this paper are but 
representative of many more in the writers’ 
files, all of which bear out the conclusion that 
though theoretically manual control of the tone 
of a single note is possible, actually the pianist 
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can do nothing to vary his tone except to vary 
the final hammer velocity; and that in so doing 
he inevitably varies the loudness too. These 
conclusions entirely bear out those of Mr. White 
and Professor Ortmann. 
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APPENDIX. VARIATION OF QUALITY DUE TO 
CAUSES OTHER THAN MANNER OF STRIKING 
1. Variation of quality with loudness 


Although different in amplitude and detail of 
wave form to such an extent that any possibility 


(b) 





Fic. 14. Middle C played (a) pp; (b) mf; (c) ff. 
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Fic. 15. Harmonic analyses of wave forms of Fig. 14. 


of a match is out of the question, the two notes 
whose records are shown in Fig. 8 differed only 
slightly in loudness and quality as judged by 
the ear. The hammer velocity difference was 
only 35 percent. When the hammer velocity 
difference is great, the change in wave form is 
enormous, and the change in amplitude is such 
that different amplifier gains must be employed 
if any comparison is to be made. 

Figs. 14(a), 14(b), and 14(c) show the wave 
forms a note played pp, mf, and ff, respectively. 
The hammer velocities were 2.9, 5.0 and 16.8 
feet per second, respectively. The dissimilarity is 
so great that it seems strange that they should 
be recognizable as originating in the same 
source. The relative amplitudes of the com- 
ponent frequencies of a single cycle of each of 
these waves are shown in Fig. 15. These spectra 
were obtained by use of the Bush harmonic 
analyzer. Due to the inaccuracies of this instru- 


ment, to the fact that any particular cycle is not 
exactly repeated, and to the fact that the cycles 
analyzed were within the first 1/10 second of 
the note, and therefore no doubt contained many 
initial transient vibrations, these results should 
be regarded as merely qualitative. No importance 
is therefore to be attributed to the fact that the 
envelopes of these spectra do not bear any 
marked resemblance to those of William Braid 
White, in his paper above referred to, or to 
those of Meyer. 


2. Variation of quality with register 


In addition to the great changes in wave form 
and quality consequent on a change of hammer 
velocity on a given note, there is, as is well 
known, a great difference, for a given hammer 
velocity, between the tones of bass and treble 
notes. Figs. 16 and 17 show records of C-64 
and C-512, respectively, when struck with the 





Fic. 16. C-64, played mf. #6 





Fic. 17. C-512, played mf. 
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same force. Among other differences, the marked 
weakness of the fundamental in the lower tone 
should be noted. 


3. Second impact 


The records contained in the body of the paper 
were all made with a single impact of hammer on 
string. It is obvious that if the hammer should 
hit the string twice in succession, the second 
impact occurring a fraction of a second later than 
the first, the situation is entirely different. Such 
a double striking is called a “repetition” and 
usually produces a jangling note. The precise 
nature of the note is difficult if not impossible 
to control, since a time interval difference of the 
order of 1/1000 second between the two impacts 
is all that is necessary to make a difference 
between a second impact which is in phase and 
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one which is out of phase with the fundamental 
component of the already existing string vibra- 
tion due to the first impact (and, of course, a 
still shorter time for higher harmonics or higher 
notes). The resulting vibration is therefore quite 
arbitrary, and the tone jangling. In general, a 
repetition is considered objectionable, and pian- 
ists studiously avoid their production. One of 
the marks of a good piano action is the difficulty 
with which a repetition may be produced. A 
certain German piano’ of novel design contains a 
mechanism whose sole object is to prevent the 
occurrence of repetitions. Although it is virtually 
impossible to produce a repetition manually on 
the piano employed in these experiments, the 


7S. Sawade has investigated repetitions. See Zeits. f. 
tech. Physik 14, 353 (1933). 





Fic. 18. Two notes struck differently, but with same final hammer velocity. ) shows effect of 
repetition at x. 





Fic. 19. Hammer velocity records of notes of Fig. 18. b shows repetition 0.035 sec. after first impact 
and beginning of note. 





94 HART, 


mechanical striker can do so with ease when 
properly set. This affords an indication of the 
range of different types of striking which it 
covers. 

Whatever its musical value, the repetition is 
clearly a means whereby the pianist can alter, 
if not control his tone for a given loudness. 
Fig. 18 shows two notes struck differently but 
with the same final hammer velocity, by the 
mechanical striker. It will be observed that the 
match is excellent up to a certain point marked 
by XX, and from there on 
wholly different in appearance. Fig. 19 shows 


the waves are 


the hammer velocity traces which correspond to 
the notes of Fig. 18. A repetition occurs in the 
second one after 0.035 second. It is at exactly 
this instant that the sound pictures begin to 
diverge. 
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4. Use of pedals and dampers to vary quality 

In reaching the conclusion that the pianist 
cannot control quality separately from loudness 
by his manner of striking, the writers of course 
exclude the use of the damper, whether actuated 
by hand, through the medium of the key or by 
foot, by use of the pedal. It is obvious that a 
string whose vibration is being damped by 
contact of a felt pad at a certain point will emit 
a tone which differs in quality from that of 
an undamped string, quite apart from the fact 
that the loudness changes more rapidly in the 
former case than in the latter. Again, the sustain- 
ing pedal permits one note to sound until the 
instant at which it is struck again, or other 
notes are struck. Such effects are in no way con- 
nected with the problem dealt with in this 
paper. 
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Reverberation Measurements in Auditoriums* 


G. T. Stanton, F, C. ScHMip AND W. J. Brown, JR., Electrical Research Products, Inc. 
(Received July 6, 1934) 


HIS paper presents some of the problems 

encountered in attempts to measure the 
reverberation time in auditorums, and indicates 
certain procedures found helpful in their solu- 
tion. In addition, comparison is offered between 
results obtained with two step-by-step methods 
and a continuous decay. 

As a practical problem there are certain limita- 
tions which differentiate the methods which may 
be employed from those available in the labora- 
tory. First, it is obviously impractical to attempt 
to secure diffuse sound distribution by the use of 
rotating vanes or baffles, or by changes in the 
surface or architecture of the auditorium. More- 
over, it is highly questionable that it would be 
desirable to do this even if practicable, since we 
are concerned with measurements which to some 
degree take account of any lack of uniform dis- 
tribution. In general, in auditoriums the sound 
source is confined to a limited portion of the total 
space and any peculiarities of decay associated 
with this location should be considered. There are 
also practical limitations making it most de- 
sirable to locate the source at or near its accus- 
tomed position without attempting to move it 
about the enclosure. It is frequently difficult to 
transport and install a sound source capable of 
creating sufficient initial level to measure a full 
60-db decay above the threshold of the ap- 
paratus, which is determined by residual noise. 
This is particularly true in large or highly absorp- 
tive enclosures. Further, the amount of data 
which may be secured is generally limited by the 
time during which public auditoriums are avail- 
able for such study. 

As an engineering problem, therefore, we are 
confronted with the necessity of interpreting such 
information as is available in any given case, in 
such a manner as to yield results in most prob- 
able agreement with those which would have 
been obtained had ideal conditions prevailed. 
How do we know what these would have been? 
Through the use of apparatus yielding a con- 





*p 


resented at the meeting of the Acoustical Society of 
America, Chicago, Illinois, December 4-5, 1933. 
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tinuous record of decay, as observed at a point 
or at the average of a number of points, it is 
believed that a better interpretation of incom- 
plete data may be made than has been possible 
with point-to-point methods in the past. 

The records of sound decay which are shown 
below were obtained by the use of a high speed 
level recorder. This is a portable instrument 
generally similar to one described by Wente, 
Bedell and Swartzel before this Society.' It 
graphically records sound energy through a pos- 
sible range of 60 db in linear steps of 0.5 db. The 
instantaneous rate of motion of the recorder 
stylus is normally 360 db per second. This in- 
sures that the rates of change of sound energy 
are, for all practical purposes, indicated in the 
record. An element has been added marking ac- 
curately the interval during which the source is 
sounding. In most instances, a band-pass filter 
has been employed in the electrical circuit, re- 
ducing the disturbance from those components 
of noise outside of the band which is centered 
about the test frequency. For those records which 
are indicated as being made with a multiplicity of 
microphones, recourse was had to a rotating 
switch? so adjusted as to connect individual 
microphones into the circuit in rapid succession 
with a negligible overlap during the switching 
interval. It will be noted that in few cases is the 
full 60-db decay recorded, due either to the in- 
ability to create adequate initial level in the 
auditorium or to the presence of a high residual 
noise level. This situation is, as pointed out, one 
which will frequently be encountered in practical 
reverberation measurements. 

In an effort to minimize the effect of interfer- 
ence, warble tones are generally employed. With- 
out presenting the date here, it may be said that 
in common with other investigators, we found a 
band width of 10-20 percent of the mean fre- 
quency to be most effective, with speeds of about 


'E. C. Wente, E. H. Bedell and K. D. Swartzel, Jr., 
A High-Speed Level Recorder, presented at the Washington 
Meeting. 

2 E. H. Bedell and K. D. Swartzel, Jr., J. Acous. Soc. 
Am. 5, 34 (1934). 
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Fic. 1. Effect of warble. 


6-10 cycles per second. The effect for the contin- 
uous type of measurement was not highly critical. 
Fig. 1 shows the change in pattern of decay re- 
sulting from interrupting the circuit at three 
different phases of the warble cycle. While of 
little or no consequence in a determination of 
decay where the continuous record is available, 
the shift in pattern, which is graphically shown, 
affects a point-to-point record. The advantage of 
interrupting the source at various points in the 
cycle during a fixed interval has been previously 
reported.* 

Another method of simplifying the curve, 
largely cancelling the wide deviations of interfer- 


3F, V. Hunt, J. Acous. Soc. Am. 5, 127 (1933). 
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Fic. 2. Variation with change of recorder speed. 


ence but retaining the general characteristics, is 
to reduce the speed of travel of the recorder 
stylus. Fig. 2 shows three records under condi- 
tions identical except for the rapidity of motion 
of the recorder. The times determined are as 
shown on the curves, the general characteristics 
remaining unchanged. 

It is believed of interest to consider the data 
which would be obtained by two different types 
of step-by-step methods from identical decay 
conditions. Accordingly, a record of sound decay 
was analyzed to determine the data which would 
have been derived by variable threshold‘ and 


4E. C. Wente and E. H. Bedell, J. Acous. Soc. Am. 1, 
422 (1930). 
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Fic. 3. Comparison of methods for measurement of 2000 cycles no warble. A, high speed level recorder; B, variable 
threshold; C, variable interval 0.1 sec.; D, variable interval 0.3 sec. 


variable interval’ devices. Determinations were 
made from two decay records, one having a 
warble tone and one without. Table I shows the 
results. Fig. 3 illustrates this graphically for the 


TABLE I. Equivalent reverberation times at 2000 cycles. 
Comparison of probable results of point-to-point and 
continuous records. 











Not 
Method Warbled warbled 
Continuous record 1.08 1.15 


*Variable threshold .94 .99 
*Variable interval —0.1 sec. interval 1.22 1:37 
*Variable interval —0.3 sec. interval 1.30 1.15 








*Computed values. 





°R. F. Norris, J. Acous. Soc. Am. 3, 361 (1932). 





condition of no warble and Fig. 4 where a warble 
is used. 

The variable threshold values were determined 
by the points at which the decay curve first 
passed through any particular setting of the 
threshold. If the curve rose above the threshold 
setting after once passing below it, the subse- 
quent values were neglected. Under actual con- 
ditions this occurs because of the inability of the 
equipment to indicate but once, the passage 
through the threshold setting. The threshold was 
varied in 3-db steps from the steady-state value 
to the lowest readings obtained with the high 
speed level recorder. The variable interval values 
were determined by using intervals of 0.1 and 0.3 
second, respectively, shifted in steps of 0.033 
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second. The root-mean-square values of the por- TABLE II, Equivalent reverberation times at 500 cycles. Six 


. . ; microphones in a reverberant church. 
tion under the decay curves included in these P 
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Fic. 4. Comparison of methods for measurement of a 2000 cycles warble. A, high speed level recorder; B, variable thresh- 


successive intervals were determined and taken — ta ” s 
eee Percentage  de- ti 
for the value that would be indicated by a vieston team ) 
ballistic galvanometer. It is, of course, appre- i ' arithmetic , 
ciated that in actual practice in both methods, ree ‘a a” . 
; ° ’ : webuee ° Not Not iT 
advantage is freque ntly taken of the dev lation in Microphones Warbled warbled Warbled warbled ‘ 
aren ves Which coon whe warble : 
tones as illustrated in Fig. 1. The averaging of 1 3.64 392 +46 + 5.4 ‘ 
‘ ' 2 3.62 3.10 +40 —167 ¢ 
successive decays, therefore, tends to smooth the 3 310 400 —109 +75 
data obtained to a large degree. 4 3.50 400 +06 +75 
. . 5 I 
In Fig. 5 are shown the records of decay with ; me ret 7 - t Hy 
and without warble at 500 cycles for one micro- Arithmetic average 3.48 3.72 , ; 
phone of a group of six, located in a reverberant Mechanicalaverage 3.60 3.84 +34 + 32 





church. This is identified as number 1 in Table ————————"""*""*— 
II. Microphone number 5 of this same group is Warble—20% at 10 R.P.S. 
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Fic. 5. Reverberant church, 500 cycles. Microphone No. 1. A, warble; B, no warble. 


shown in Fig. 6, together with the records ob- 
tained from all microphones of the group, me- 
chanically averaged for a single decay. While the 
introduction of the warble is beneficial in reduc- 
ing the cancellation of energy through sharp 
interferences, it may be noted from the table 
that the rates of decay at individual locations 
continue to fluctuate through wide limits. 

Fig. 7 is presented largely as a curiosity, 1ep- 
The 
of intensity on cutting off the source, 
reported by Wallace Sabine and subsequently 
by many others, is clearly defined. The initial 
rise, followed by a drop due to interference, 


resenting a severe case of interference. 
“jump” 


before steady state is reached, may be clearly 
recognized. The almost identical repetition of the 
figure is here referred to, being typical of all no- 
warble records where conditions are unchanged. 
Any interpretation of this figure in terms of 
equivalent reverberation time is open to serious 
question, but it emphasizes the need for a better 
method than either a determination of the final 
slope or arb:trarily selecting the line of best fit. 

In an analysis of data of the sort just shown, 
let us consider the definition of reverberation 
time. It refers to the average energy within an 
enclosure and is taken as the time required for 
its decay to one-millionth of its initial sustained 
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Fic. 6. Reverberant church, 500 cycles. A, warble, six microphones; B, warble, microphone No. 5; C, no warble, six 
microphones; D, no warble, microphone No. 5. 
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Fic. 8. 


value. Since all modern measuring methods deal 
with its inverse, we shall consider then the aver- 
age rate of decay of the average sound energy for 
a 60-db interval after the source of sound is 
stopped. All existing methods of measuring rever- 
beration time imply, of necessity, measurements 
of the energy at a point or a series of points. The 
actual energy at a point may be considered as 
composed of that flowing directly from the 
source, that produced by the first few reflections, 
and that produced by the remaining sources 
which show no point-to-point variation. Eyring 
states’ that when the rate of decay of the sound 
intensity level is determined by a meter, it is 
usually the rate of decay of the third portion 
which is measured. The degree to which this is 
true is, we believe, dependent upon the method 
of analysis applied to such data and the degree 
of adherence to a rigorous consideration of the 
classical definition of reverberation time. 

Let us consider an imaginary case which may 
illustrate the available choice in interpretation. 
Assume a room having the following statistical 
description : 


Volume 6000 cu. ft. 
Dimensions 30 x20 x 10 ft. 
Surface 2200 sq. ft. 


All surfaces in one-half of the room—absorption 5%. 
All surfaces in one-half of the room—absorption 50%. 


_ 


°C. F. Eyring, J. Acous. Soc. Am. 4, 178 (1933). 


Total absorption—600 units (Sabine—0.50 sec.). 

Reverberation time (Eyring—0.42 sec.). 

Strength of source such as to create an average steady state 
sound intensity of 40 db above the working threshold. 

Sound source in the “‘live’’ end. 

Measurement in the ‘‘dead” end. 


At the point of measurement, the contribution 
of direct sound to the total energy is large, the 
first reflections important, and the reverberant 
energy of lesser magnitude. Fig. 8 may be con- 
sidered a highly conventionalized and exagger- 
ated record of the decay at the selected point. 
At the instant of interruption of the flow of direct 
energy at this point, the intensity drops rapidly, 
followed by successive drops as the flow from 
first reflections cease, and then follow multi- 
tudinous reflections involving the absorbing 
power of the other surfaces. 

The apparent average rate of decay as the 
inverse of times from point of cut-off to the last 
recorded value is represented by line 1. This 
method of interpretation was quite generally 
applied to early artificial threshold apparatus, 
and very probably accounts in part for the 
measurement of so-called reverberation times 
lower than anticipated. This value is highly 
susceptible to a shortening of the limits of the 
decay. Assume the threshold of the instrument 
to be raised as indicated. The line 1—A now indi- 
cates a different slope. 
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Fic. 9. A, microphone No. 1; B, microphone No. 2; C, microphone No. 3; D, microphone No. 4. 


If, however, we consider only the slope of the 
latter portion of the curve, line 2, a far longer 
time is indicated and one agreeing more generally 
with usual computations, which compute the 
energy from the absorption present, and power of 
the source, and neglect the effect of direct energy 
flowing from the source. Where this line is de- 
terminable, that is to say, where image reflec- 
tions either do not materially affect the slope, 
or where they have established a cyclical repeti- 
tion, this figure should be in closest agreement 
with existing methods of theoretical determina- 
tion. 

One frequently accepted form of interpretation 
is some sort of line of best fit of the data available. 
Various methods are proposed for the accurate 
determination of this line, some to a high degree 
of mathematical accuracy.* Line three represents 
one version of line of best fit. This method in 
common with the first discussed, weights the 
initial drop, which is largely a function of the 
particular point. It is, moreover, affected by a 
change in the length of curve. A great deal of 
emphasis is placed upon the determination of 
the average rate of decay of energy at a point. 
While any methods which tend to permit this 
determination are helpful in the laboratory, it 
does not follow that an accurate determination 
of the above value, per se, represents a determina- 


tion of the rate of decay of average energy density 
within the enclosure. From the data secured ina 
relatively large number of auditoriums it appears 
that the deviation in average rates of decay from 
point-to-point is, in general, quite large as com- 
pared with the deviation in determining the 
average rate of decay at a point from any given 
set of data. 

The method here proposed is an attempt to 
determine the value most consistent with that 
probably realized had all conditions approxi- 
mated the ideal. That is, uniform distribution of 
energy, except for the direct flow from the source, 
no interference and a full 60-db decay. Where the 
final slope is determinable, it is projected to a 
point 60 db below the initial intensity, and the 
line of best optical fit projected from this point 
back through the curve. The initial drop is thus 
correctly weighted, regardless of the length of the 
curve. 

The application of the methods of interpreta- 
tion outlined above is best indicated by a con- 
sideration of specific data. Within the limits of 
this paper it is, of course, impossible to repro- 
duce any large number of decay records. We are 
presenting, however, in Figs. 9 and 10 individual 
decay records of each of a group of six micro- 
phones, and the record of these same six me- 
chanically averaged. The results are shown in 
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Table III. The curves were first analyzed with a 
view to determining the line of best fit or average 
slope. The method used was not highly rigorous 
but should not differ largely from any usual 
method of such determination. It will be noted 
from the table that the deviations between indi- 
vidual determinations are relatively large. The 
curves were again analyzed for a determination 
of the final slope, exclusive of initial rapid changes 
in intensity. For microphones 1 and 6 no inde- 
pendent determination for this value could be 
made. For the other four cases the degree of 
agreement was found to be very close. 

For comparison are shown figures secured by 
the authors’ method of approximating the values 
that would be obtained for a full 60-db decay, 
allowing due weight to the initial energy drop. 
While considerable point-to-point deviation per- 
sists, the values are found to lie between the best 
fit and final slope. It is obvious from a considera- 
tion of the curves that for those having a final 
slope, different from best fit, raising the threshold, 
thus shortening the curves, will considerably 
shorten the time reported for the best fit. It 
will also make less determinant the final slope. 
For the proposed method an assumed shorten- 
ing of the curve has little effect on the values 
determined, except where the final slope is 
rendered indeterminant. 

Fig. 11 shows the records of one microphone of 
a group under the balcony of a theater. The use 
of warble tone is clearly of help in the interpre- 
tation of this individual curve. In Fig. 12 is the 
record of all six microphones mechanically 
averaged. The warble appears here of little effect. 


TABLE III. Equivalent reverberation times at 2000 cycles. Six 
microphones—front orchestra. 











Percentage deviation 
from arithmetic 

average 

Final Authors’ 

slope method 


Time in seconds 
Best Final Authors’ 
Microphones fit 


Best 
slope method fit 





1 1.30 1.30 — 5.1 —7.0 

2 1.37 1.57 1.45 00 O00 +3.5 

3 1.35 1.58 1.42 — 14406 +1.4 

4 1.38 1.57 1.43 + 0.7 O00 -—0.7 

5 1.22 155 1.40 —11.0 —1.3 0.0 

6 1.40 1.40 + 2.2 0.0 
Arithmetic 

average faa doe 1.40 

Mechanical 

+3.5 


average 1.39 1.44 
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Fic. 10. A, microphone No. 5; B, microphone No. 6; C, six 
microphones, mechanically averaged. 


Table IV gives the individual records of the mi- 
crophones, number 4 of this group being the one 
illustrated. A large number of determinations in 
this same general location indicated an average 


TABLE IV. Equivalent reverberation times at 200 cycles. Six 
clustered microphones under balcony. 








Percentage de- 
viation from 





arithmetic 
Time in seconds average 

Not Not 
Microphones Warbled warbled Warbled warbled 
1 1.12 1.00 —1.7 — 9.1 
2 1.17 1.02 +2.6 — 7.3 
3 1.08 1.00 —5.2 — 91 
4 4.47 1.30 +2.6 +27.3 
5 1.15 1.06 — 9 —12.7 
6 457 1.24 +2.6 +10.8 

Arithmeticaverage 1.14 1.10 

Mechanicalaverage 1.17 1.20 +2.6 + 9.1 








Warble—20% at 10 R.P.S. 
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Fic. 12. 


Fic. 11. Single microphone, 200 cycles, under-balcony. A, warble; B, no warble. 


Fic. 12. 


Six microphones mechanically averaged, 200 cycles, under-balcony. A, warble; 
d , d ’ 


B, no warble, 


of 1.20 seconds. This set of data is indicative of 
much similar data on which are based our con- 
clusion that, regardless of the individual pe- 
culiarities of decay curves recorded at a single 
point, the mechanical averaging of a sufficient 
number of points approaches a fixed value. 

A similar record was made with a group of 
six microphones located at a point in front of the 
balcony in an effort to determine if certain pe- 
culiarities of decay were common to either loca- 
tion. Table V shows the results for comparison. 
Fig. 12 shows the record of all six microphones 


TABLE V. Equivalent reverberation times at 200 cycles. Six 
clustered microphones in front of orchestra. 








Percentage de- 
viation from 





arithmetic 
Time in seconds average 

Not Not 
Microphones Warbled warbled Warbled warbled 

1 1.13 1.00 + 3.7 —7.4 

2 1.02 1.06 — 64 —1.8 

3 1.03 .98 — 5.5 —9.3 

4 1.21 1.18 +110 +9.3 

5 1.05 1.10 — 3.7 +18 

6 1.07 1.14 — 18 +5.6 

Arithmeticaverage 1.09 1.08 

Mechanical average 1.16 1.11 +64 42.3 





Warble—20% at 10 R.P.S. 


both with and without warble. In this case, with 
practically the same equivalent reverberation 
times recorded, there were no definitely observa- 
ble common peculiarities. 

The conclusion is, therefore, reached that to 
accomplish the purpose of interpreting the data 
to yield results in most probable agreement with 
those found under ideal conditions, the following 
procedure is most promising: 

(1) Interpret the curves from the viewpoint of 
their most probable trend if extended through a 
full 60-db decay. This basis gives due effect to 
the non-uniform inidial decay, but avoids the 
large weighting given this factor in short rever- 
beration curves. It is open to the objection that 
judgment and some experience is called for in the 
determination, and consequently a very high 
precision is not obtained in the discrete considera- 
tion of any individual set of data. However, the 
discrepancies between the values individually 
assigned to each of the large number of curves 
by the three authors independently, were small 
in comparison with the point-to-point variations 
found in any given case. 

(2) Collect data from as many points as pos- 
sible. Averages so obtained are found to be more 
representative than attempts to more accurately 











ave 


sev 
pre 
det 
cul 
or 





ws — =» = 


‘ cv —s ~ —_ 


— Fe fr 


REVERBERATION MEASUREMENTS IN AUDITORIUMS 105 


average the conditions at a single or a few points. these values should approach agreement. This 

(3) A mechanical averaging of the intensity at is due to a large extent to an extensive reduction 
several points throughout a single decay is in the effect of interference in mechanically 
preferable to arithmetic averages of the slopes averaged records. In the individual records, the 
determined at individual points for the short distortion caused by this factor frequently im- 
curves. If a sufficient length curve were obtained, pairs the ability to make reasonably accurate 
or a sufficient number of individual points used, determinations. 
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A Contribution to the Measurement of the Velocity of Sound with the Acoustica] 
Interferometer 


ERNST GROSSMANN, Jena, Germany 
(Received January 3, 1934) 


ECENTLY Grabau! published in this jour- 

nal a study of the velocity of sound in air 
at frequencies between 20,000 and 70,000 cycles. 
He showed that the velocity of sound was 
independent of the frequency in this range. 
Grabau used an acoustical interferometer con- 
sisting of a magnetostrictive rod—5/8 inch or 
1 inch in diameter—and reflectors of diameter 
varying from 1/2 inch to 4 inches, and observed 
the intervals of those positions of the reflector, 
where the reaction of the reflected wave upon 
the source is at its maximum. He found these 
intervals at great distances of the reflector from 
the source to be equal to a half wave-length. 
When the distances were smaller the intervals 
showed anomalies. Neglecting these anomalies 
may be the reason for incorrect measurements 
of the velocity of sound. Grabau has plotted the 
magnitude of the observed intervals between 
two critical positions of the reflector with respect 
to their ordinal numbers, counting from the 
source. 

With small reflectors an increase of the inter- 
vals is to be observed when the distance of the 
reflector from the source is diminished; but with 
reflectors, the diameter of which is larger than 
a wave-length, the increase of the intervals is 
modified by the appearance of one or more 
minima. 

Grabau indicates these anomalies of the inter- 
vals as diffraction phenomena and for the special 
case of a very small reflector, gives an approxi- 
mative formula for the magnitude of the inter- 
vals.” 

By regarding the face of the magnetostrictive 
rod as well as that of the reflector as circular 
pistons and considering the sound field of a 
circular piston, the appearance of the minima 
may be explained and a formula may be found 
suitable for cases in which the reflector is not 


1M. Grabau, J. Acous. Soc. Am. 5, 1 (1933). 

2 In the calculation an error seems to have crept in: The 
positions of the maxima on the axis are not x=(4m?x* 
ht i but x = (16m?x? — k?R?) /8mmrk = md — R?/4m); 
m=1,2,3,4--:. 
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small. Fig. 1 represents the sound-field of a 
circular piston of the radius R=1.75\ and shows 
curves for the same pressure-amplitude and for 
wave surfaces of the pressure wave; the phase. 
distance of these surfaces differs by 27 from one 
another. The curves are found by numerical 
calculation of Backhaus’s solution’ of the differ- 
ential equation for the potential of velocity given 
by Rayleigh. The following facts may be 
deduced from Fig. 1: 

(1) With increasing distance from the piston 
the amplitude of the wave does not decrease 
continually, but shows maxima and minima. 
The gradient of the pressure-amplitude dP/dx 
is negative in some regions. 

(2) At great distances from the source, the 
wave surfaces approximate spheres round the 
center of the piston (dotted lines in Fig. 1). 

(3) At smaller distances the curvatures of the 
wave surfaces no longer approximate spherical 
surfaces and their curvature is negative in those 
regions, where the gradient of the pressure 
amplitude is negative. 

Now let us regard the sound-field of the Fig. 1 
as that of a wave originating from the reflector. 
The distance of the wave surfaces on the axis 
are always >X. Because of the different curva- 
ture of the wave surfaces it is, nevertheless, 
possible to displace the source against the sound- 
field by less than if the average phase value of 
the reflected wave is to be altered at the source 
surface by 27. By this the intervals also may 
become smaller than \/2, when the distance of 
source and reflector is appropriate. The number 
of minima found by regarding the sound field is 
the same as measured by Grabau. 

When calculating the magnitude of the inter- 
vals it is not sufficient to consider the distances 


3H. Backhaus, Ann. d. Physik 5, 1 (1930). 

4Lord Rayleigh, Theory of Sound, Vol. II, $302. 

5 It would be more exact to use the field of the displace- 
ment velocity dp/dx and not the field of the pressure 
pdp/dt. The field of —dp/dx has not yet been calculated. 
But it is not difficult to calculate dp/Ax and dp/dt on the 
axis; the difference is not essential. So it seems to be 
justified to use 0p/dt instead of dp/dx. 





Fi 
amp! 
The 


of t 
the 
stri¢ 
cur\ 
are 
the 
refle 
of r 


whe 
stri 
nb 
the 
Gre 











Fic. 1. Wave surfaces and curves of the same pressure- 
amplitude in the sound-field of a circular piston, R= 1.75. 
The numbers in the figure give the value P/P». 


of the wave surfaces on the axis; we must take 
the average over the surface of the magneto- 
strictive rod and we must take account of the 
curvatures of the wave surfaces themselves that 
are taken to be spheres for the development of 
the formula. So the distance by which the 
reflector is to be displaced from one maximum 
of reaction to the next one is: 





2R?/N+5R2/x 
| (1) 


16m(m-+1) 


where R, is the radius of the source (magneto- 
strictive rod), R, that of the reflector and m= 2n, 
n being the number of the interval counted from 
the source. In Fig. 2, three curves observed by 
Grabau (taken from Fig. 4 of his paper) are 
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Fic. 2. The relative magnitude of the observed intervals 
plotted with respect to their ordinal numbers counted 
from the source. Solid lines observed by Grabau, dotted 
lines calculated after formula (1). Wave-length (approx.) 
=12 mm. Diameter of source =5/8 inch. Small figures on 
the curves indicate diameter of reflector in inches. 


reproduced, and the values calculated after 
formula (1) are noted when his proportions for 
R, to R, to \ are used. The curves of Grabau do 
not asymptotically approximate the value of a 
half wave-length. Asymptotical approximation 
was observed by Reid® and also by the author. 
Neglecting this difference, the observed and the 
calculated curves agree with one another at 
distances from the source which are shorter, 
the smaller the size of the reflector. 

Formula (1) may be used for calculating the 
distance between source and reflector if a given 
error is not to be surpassed, or for estimating 
this error in case the necessary distance cannot 
experimentally be verified. 

A detailed report is given in the Physikalische 


Zeitschrift.’ 


5 Reid. 
7 Grossmann, Phys. Zeits. 35, 83 (1934). 
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An Acoustic Spectrometer 


VOLUME yy 


C. N. HickMAn, Bell Telephone Laboratories 
(Received August 5, 1934) 


A series of tuned reeds are mounted so that they may be 
electromagnetically driven. Each reed carries a small 
concave mirror with which light from an illuminated slit is 
brought to a focus on a screen. These slit images are lined 
up in the order of the reed frequencies. When a current 
having a complex wave, such as the speech current from a 
microphone, is passed through the electromagnet, the 
reeds and in consequence the slit images on the screen will 
oscillate. The driving system and the reeds are so designed 
that the amplitude of oscillation of each image is pro- 


portional to the strength of the corresponding harmonic 
component in the driving current. Therefore, by observing 
or photographing the slit image amplitudes, the frequencies 
and the relative energy content of the components of g 
complex current may be determined. A spectrometer of 
this type covering a small frequency range (50 to 3109 
cycles) was built for demonstration purposes. The range of 
such an instrument can be extended to higher and lower 
frequencies. 





INTRODUCTION 


URING the past few years a number of 

electromechanical devices have been de- 
scribed with which the harmonic components of 
periodic currents may be determined. These 
devices require much less time for an analysis 
than the old method of tracing an oscillogram 
with a mechanical harmonic analyzer. With the 
latter method however, it is possible to operate 
on a single period, whereas with the former an 
analysis in the strict sense can only be performed 
where the current is steady for a rather long 
time. The reason for this limitation is that at a 
given time only a single selective element isin 
operation. In the instrument to be described, a 
large number of selective elements distributed 
throughout frequency range of the instrument 
are functioning simultaneously. This arrange- 
ment provides a method for analyzing currents of 
relatively short duration of time. 

The selective elements are tuned reeds which 
are driven electromagnetically by the currents 
to be analyzed. This instrument might be called a 
current spectrometer for it shows a spectrum of 
current frequencies. Since the instrument was 
designed primarily for acoustical analysis, it has 
seemed fitting to call the selective element unit 
together with its associated amplifier 
microphone an acoustic spectrometer. 


and 


DESCRIPTION OF SPECTROMETER 


Fig. 1 shows a schematic arrangement of the 
reed unit. Light from a lamp filament passes 
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through a slit and falls on concave mirrors which 
are mounted on the tuned reeds. An image of the 
slit is brought to a focus on a screen by each reed 
mirror. The reeds are so tuned that the fractional 
increase in resonant frequency from reed to reed 
is constant. That is: 


Tn =f,C""', 


where f/f, is the frequency of the mth reed, /; is the 
frequency of the first reed and C is a constant. 

The low frequency reeds are so shaped and 
driven that they will vibrate only in their 
fundamental modes. By applying the driving flux 
at the node of the reed for its second mode of 
vibration this frequency, which is 6.3 times the 
fundamental, will be eliminated. The next mode 
has a frequency of about 17 times the funda- 
mental. Reeds which have a fundamental fre- 
quency of less than 1/17th that of any com- 
ponent present in the current to be analyzed are 
specially shaped so that they will not respond to 
these higher frequencies. Unless the reeds are so 
shaped they will also vibrate in a torsional mode 
which has a frequency within the range being 
analyzed. 

The reeds are so movnted that they may be 
moved with respect to the driving coil for the 
purpose of adjusting the amplitude of response. 
They may also be rotated and tilted so that the 
slit images may be properly lined up on the 
screen. The tilting is done in such a manner that 
the distance of the reed from the driving coil is 
not changed and hence the response is not 
affected by such adjustment. 
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The positions of the reeds with respect to the 
driving coil are adjusted so that the amplitudes 
of the slit images are all equal for equal input 
voltages to the amplifier. 

The damping factor, A, depends for the most 
part on the material from which the reeds are 
made and the heat treatment to which they are 
subjected. In the spectrometer which has been 
constructed, the damping was made proportional 
to the frequency. (A= 14.4f/1000.) A better way 
of expressing the effect of damping is to indicate 
the rate of decay in db per second. For these 
reeds the rate of decay is about f/8 db per second. 

Since the rate of decay of the reeds is equal to 
{/8 db per second it is obvious that the low 
frequency reeds cannot follow amplitude changes 
which take place at a higher rate. In the case of 
speech, if the fundamental frequency is about 130 
cycles per second, the reeds will not follow 
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fundamental pitch changes which take place at a 
speed of more than 16 db per second. On the 
other hand, low frequencies do not usually change 
in intensity as rapidly as the higher frequencies. 
In the case of musical tones a speed of f/8 is 
generally sufficient. For example, the low fre- 
quency tones of a piano do not change with such 
rapidity except at the moment of impact or when 
the dampers are lowered on the strings. The 
spectrometer is therefore applicable for use in 
analyzing tones of some of the important 
musical instruments. 

Fig. 2 shows typical resonance curves for a 
reed. Since the damping of the reeds is pro- 
portional to the frequency, this resonance curve 
may be used for any reed by multiplying the 
abscissa numbers by the natural frequency of the 
reed. 

It may be shown that the ratio of the ampli- 
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Fic. 2. Resonance curves. 
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tude of a reed at resonance to that for zero which is more than 46.7 db greater than the 
frequency is Ao/A =wo/2A, where wo=27 times amplitude of any lower frequency reed produced 
the resonant frequency and A is the damping by the same driving current. 
factor. The resolution or number of components which 
If A=2.3w9/1000 then Ao/A=217 which can be detected within a given frequency range 
corresponds to 46.7 db. The significance of this depends on the number of reeds in the range and 
ratio is that a current cannot drive a reed the damping. With 48 reeds per octave it is 
resonant to the driving current with an amplitude possible to detect all components of a complex 
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tone (within the range of the spectrometer) hav- 
ing frequency differences of ? percent or more. 
In case the frequency of any current com- 
ponent does not exactly correspond to the 
natural frequency of any of the reeds, the true 
frequency and amplitude of such a component 
may readily be obtained from a knowledge of the 
amplitudes and frequencies of the two adjacent 
reeds. For example, suppose the current fre- 
quency to be detected lies exactly half .way 
between two adjacent reeds of a spectrometer 
having 48 reeds per octave. In such an instrument 
the difference in frequency between adjacent 
reeds is 13 percent. The frequency of the current 
to be detected is then ? percent different from 
either of the adjacent reeds. Referring to Fig. 2 
we see that a reed which is off resonance ? percent 
will be vibrating with an amplitude which is 
about 11 db less than it would were its natural 
frequency exactly the same as that of the driving 
current. The frequency of the current component 
which is driving the two reeds with equal 
amplitude is therefore half way between the two 
reed frequencies and has 11 db more strength 
than indicated by either reed. In a similar manner 
if the frequency of the current component lies in 
any position other than half way between two 


SPECTROMETER 


111 


reeds, its true frequency and strength may be 
obtained from a knowledge of the amplitudes and 
frequencies of the two adjacent reeds. A table or 
set of curves may be made from which these 
values are shown as a function of the amplitudes 
and frequencies of the two adjacent reeds which 
are being driven. 

The component frequencies and their levels 
may be observed on the screen or they may be 
photographed. The photographs can be made 
directly on sensitive paper or by using a camera. 
In the latter case a motion picture camera can be 
used to obtain the level of all the components as a 
function of time. 

Fig. 3 shows some spectrograms taken with an 
instrument which was built for demonstration 
purposes. The frequency of any component may 
be read from the scale at the top. The corre- 
sponding piano note may be found on the 
keyboard at the bottom. The pitch indicated for 
each spectrogram is the one asked for rather than 
the one sung. 

The instrument with which these spectrograms 
were taken has only 144 reeds and only covers the 
frequency range of 50 to 3109 cycles, nevertheless 
it has been quite useful in studying vibrato and 
other musical effects. 
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quencies. The case of a stratified medium is also considered. 


An alternate derivation of the Bateman formula for Doppler’s principle is described. A Dur 
method is given for the evaluation of the direction cosines which appear in this formula, so and r 
that in the special case of constant velocities of sound, and of the medium respec 

9 9 9 i 9 9 9 ® ° 9 Lr; . , 
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vy ula?—(v?+w*) ]}? +a? -—v? —w? — [a2 — (v2? +?) ]? Up toVot+wW 2+ W 
where u, v, w are component velocities of the medium, a is the velocity of sound, Uo, Vo, Wo time f 
the component velocities of the source, and Ui, Vi, Wi those of the observer. The x-axis here path i 
connects source and observer, and v and »’ are, respectively, the original and observed fre- 
Now 


A’ expression has already been given by 
Bateman! to describe the Doppler effect 
under very general conditions of motion of 
source, medium and observer. In the present 
discussion an alternate derivation of the Bateman 
formula, not requiring the stationary integral, 
will be presented along with a method applied to 
a special case for the evaluation of the direction 
cosines which appear in this formula. 

It will be supposed that in general the velocity 
of the medium, with components u, v, w, is a 
function of the coordinates x, y, z. The dis- 
turbance, or sound, will be assumed to propagate 
itself as from a simple source with velocity a 
relative to the moving medium, which is a 
function of the coordinates also. 

During a small test interval df) the source, 
having velocity components Up», Vo, Wo, will 
emit pulses that are received by the observer, 
travelling with velocity components U;, Vi, W,, 
during an interval 6/;. Since the same number of 
pulses are sent out during 6f) as are received 
during 6f; 

vito =v'dhy, (1) 


where v and »’ are, respectively, the original and 
observed frequencies. 

Following Milne? in his treatment of the 
general propagation of sound, we may observe 
that the velocity of some sound pulse along the 
“ray’’ which connects source and observer is the 
vector sum, at the point in question, of the 
velocity of sound along the wave normal and the 


1 Bateman, J. A. S. A. 2, 468-475 (1931). 
2 Milne, Phil. Mag. 42, 96 (1921). 


velocity of the medium. Thus if /, m, n are the 
direction cosines of the wave normal, we have as 
equations of the “‘ray”’ 


dx/dt=u+la, dy/dt=v+ma, dz/dt=w+na. (2) 


Moreover, due to the change in velocities from , 
place to place there is likewise a refraction. 
Bateman has shown that the equations which 
predict this refraction are valid even though 4, », 
w and a are functions of the time as well as of 
position. Milne’s equations as given by Bateman 


are: 
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where c=lu+mv+nuwta. 
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From Eq. (2) we may obtain by composition 


are 


dt = (Idx + mdy+ndz)/(lu+mv+nw+a). (4) 


This equation now represents an element of 
time along the ‘‘ray,”’ since the second member 
may be interpreted as the projection of the 
effective ‘‘wave slowness”’ along the ray. Choose 
the origin of coordinates at the position of the 
source when the first of the test pulses is emitted, 
and let x1, y1, 21 be the position of the observer at | 
the time of reception of the first pulse. If 7, be or 
the time for the first of the pulses sent out in wi 
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the interval 5/9 to travel to the observer, then 


tr ur 21 ldx+mdy+ nds 
r= far=f marco : ae ee 
0 lu+mv+nwt+a 


During the times these signals are being sent 
and received the source and observer take, 
respectively, the positions Upéto, Vodto, Wodto 
(represented by Aro), and x1+U 16h, yit Vidhi, 
2. +Widt; (represented by 7:+Ar,). Thus the 
time for the last of the test pulses to traverse its 
path is 
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Since physically we may make 6f; as small as 
we please by decreasing 6/9, these integrals take 
on values such that 


(1, Uy; +m, V1 +1,W))6¢, 
Luyt+myy+nywt+a, 
(lo Uo + mo Vo + no Wo) dto 
i Jou t+ Moto + News + ao 
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+ dbo, 


where the subscripts mean that the quantities 
are to be evaluated at the points in question. 
Solving for 6t;/5to, and recalling (1), we have 


[ lo) Up + mo Vo+m0 Wo 
64, Ov Lotto + Moo + Nowo+ao 


=-= . 6) 
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This is Bateman’s general formula relating the 
original and observed frequencies. It is worth 
while to note that if both source and observer are 
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stationary there is no change in frequency, even 
though the motion of the medium be different at 
the end positions. It appears that the controlling 
factors are the velocities of the source and 


- observer projected along the wave normals at the 


respective positions, and the effective velocity of 
propagation, i.e., c=lu+mv+nw-+a, along these 
same directions. 

In many situations it may be impracticable to 
measure the direction cosines of the wave front 
at the source and observer. First we shall con- 
sider the case of constant velocities for the 
medium and sound. The velocities of source and 
observer may vary, since they enter, respectively, 
only at the instants the signals are sent and 
received. 

Under these restrictions it can be shown from 
physical reasoning that /, m, n must also be 
constant. However it is immediately evident 
from Eqs. (3) that for this case 


l/c=k;, m/c=ke, n/c=ks, 


where k;, ko, k3 are undetermined constants. 
Recalling the value of c, we obtain 


l=k,(lu+mv+nw-+a), 
m=k(lut+mv+nw+a), 
n=k3(lu+mv+nw+a). 


Solving these equations we get 


l=k,;’, m=k,’, n=ky’, 


where k;’, ke’ and k;’ are functions of the constant 
velocities of the medium and of sound, and of the 
original arbitrary constants, and may thus be 
treated as constants still to be determined. 

This fact that the direction cosines are 
constant when the velocity of the medium and 
that of sound remain fixed shows at once from 
Eq. (2) that dx/dt, dy/dt, dz/dt are constant; that 
is, the ‘‘ray’”’ is a straight line. Thus 7, must be 
given by any one of the three expressions: 


1 1 1 
T= {a= fac fa- fas 
ut+la v+ma w+na 


or 


x,=T,(ut+la), yi=Ti(v+ma), 











2,=T,(w+na). 


If axes be chosen so that the x-axis connects 
source and observer, then y:=2,;=0. 7; must 

































remain finite so that m=—v/a, n= —w/a, and 
from the usual relation connecting direction 
cosines 


|= (1—v?/a?—w*/a?)?. 


Considerable care must be used in employing 
the above integration. We find on substituting in 
(5) the values found for the direction cosines that 


ula? — (0° + w*) }}+-a?— (02+ w*) _ 5 
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(6) 


This shows quite clearly the modifying effect of 
transverse velocity components of meduim, 
source and observer. The formula gives at once 
the “‘change’’ mentioned by Barton’ due to an 
oblique wind, as well as the extreme case 
described by him of a cross wind of velocity 
greater than that of sound. 

By writing Eq. (6) in the form 
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we see that if the velocities of the medium, 
source, and observer are small compared to the 
velocity of sound, then 


vy’ /v=(uta—U;)/(uta—U>). 


This is the form obtained by Moessard* in 
considering an optical case. It emphasizes the 
predominate effect of the components of velocity 
along the x-axis. 

A second special case which is frequently 
approximated in nature is that in which the 
velocities of the medium and of sound are 
functions of one variable only, say z. In this case 
the refraction equations become: 


d sl d {/m 
Pa (-) a we (“) *, 
dt \c dtX\c 


3 Barton, Textbook on Sound, p. 97, Macmillan. 
* Moessard, Comptes Rendus 114, 1471-1473 (1892). 
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From the first two again //c=ki, m/c=ky, 

If the velocities of the medium and of sound be 
known as functions of z, it may be possible to 
solve the third of the refraction equations, and by 
a method similar to that used above to determine 
the arbitrary constants in terms of times of 
travel and the positions of source and observer, 
The integrals will of course be involved by the 
fact that the velocities are now functions of zg, 

However it is still possible to eliminate the 
direction cosines of the wave normal at the 
source if we know the direction of the wave front 
as it arrives at the observer. 

Letting 1];, mi, m1 be the known values, our 
solutions of the refraction equations become: 
l/c=1,/c,, m/c=m,/c,. Now since c=lu+m 
+nw+a and /?+m?+n?=1 it is possible to find 
each of the three direction cosines at the origin as 
a function of those at the observer and the 
assumed known velocities of* the medium and 
sound. 

If it happens that W)=0, then Eq. (5) may be 
written 


lo Mo 
‘6 (-u+—n) 
v Co Co 


y’ l; mM, ny 
be ( (-) Us+ (“) Vit (“) m:) 
C1 Cy C1 
or 
l; mM, 
-((e(“)) 
V Ci Ci , 


= / 


y’ l; my, ny 
= ((-) u+(“) vit(“) W:) 
C1 C1 C1 
It is of particularly great interest to note that 
this equation for a stratified medium is a 
function only of quantities evaluated at the 
observer with the exception of the velocity of 
the source. 
The author is indebted to Professor Harry 
Bateman of Pasadena for suggestions on the 
possible different forms and to Dr. D. H. 


Loughridge of this institution for advice on the 
entire proof. 
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Sound Absorption Coefficients* 


V. L. CurIsLer, Bureau of Standards 
(Received September 7, 1934) 


N an article by R. F. Norris,! there appear 

some fallacious statements to which it is 
desired to call attention. The writer of the article 
has misunderstood the significance of the data 
taken from the minutes of a meeting of the 
American Standards Association, evidently not 
being familiar with the conditions under which 
the measurements were made. 

The main contention of the article seems to 
be that the coefficient of sound absorption of a 
given material is a constant, and that therefore 
one square foot of a given material should absorb 
just one-hundredth as much sound as one hundred 
square feet, and that this should be true regard- 
less of the room in which it is placed. In coming 
to this conclusion two important facts seem to 
have been overlooked. 

(1) When relatively small areas are involved 
there is generally what may be called a ‘small 
area effect,” which gives figures which are not 
proportional to the results obtained with larger 
areas. 

(2) When a relatively large portion of one sur- 
face of an enclosure is covered with a highly ab- 
sorbent material, the sound field is no longer 
uniform, and it is therefore impossible to calcu- 
late the coefficient by the usual formulas. 

Let us consider some illustrations involving 
(1). Consider a tile such as Transite. This has a 
perforated Transite surface with a backing of 
rock wool. The Transite itself absorbs but little 
sound, hence practically all the sound which is 
absorbed must pass through the holes which con- 
stitute only 10 percent of the entire surface. 
If it is assumed that the sound energy is uni- 
formly distributed, and that all of the sound 
energy which strikes the holes is completely 
absorbed by the rock wool underneath, then the 
coefficient of absorption of such a tile should 
be about 0.10. Experiment shows, however, that 
the coefficient may be about 0.80. This means 
that eight times as much sound energy passes 





* Publication Approved by the Director of the National 
Bureau of Standards of the U. S. Department of Commerce. 

‘R. F. Norris, Discussion of Sound Absorption Coeff- 
cients, J. Acous. Soc. Am. 6, 43 (1934). 
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through the holes as one would expect on the 
assumption of a uniform distribution in the sound 
field. Similar cases occur with Acousti-Celotex, 
and with all of the perforated tiles in general. 

Like conditions exist in a telephone trans- 
mitter. The openings in the perforated plate in 
front of the diaphragm amount to about 25 per- 
cent of the total area, yet experiment has shown 
that practically the same amount of sound energy 
is transmitted as when the perforated diaphragm 
is removed. 

Since the foregoing conditions exist with holes 
of very small area, it is reasonable to expect 
sound absorbent material distributed in areas 
somewhat larger, to exhibit the same phenomenon 
to a less degree. This effect in samples of sound 
absorbing materials was first noticed by Sabine.? 
More recently measurements at the National 
Bureau of Standards* have confirmed this result. 
It is to be noticed that this change in absorption 
depends primarily on the size of the sample and 
its ability to absorb sound. 

The second fact to which attention should be 
directed is that when a relatively large portion 
of the surface of a rectangular enclosure is cov- 
ered with a material which has a rather high 
degree of absorption, and the other surfaces are 
highly reflective, the sound field is no longer 
uniform,? hence it becomes impossible to calcu- 
late a coefficient by the usual formulas, all of 
which involve the assumption of uniform distri- 
bution. This condition undoubtedly existed 
when the measurements on the large areas, 
quoted by Mr. Norris, were made at the labora- 
tory of the Electrical Research Products Com- 
pany. Many other measurements made at other 
laboratories under the same conditions have 
given varying results which depend on the ex- 
tent to which the sound field departs from 
uniformity. Under these conditions the calcu- 
lated coefficient will always be smaller than when 
the sound field is uniform. 

2Sabine, The Measurement of Sound Absorption Coeffi- 
cients, J. Frank. Inst. 341 (1929). 


3 Research Paper No. 700, National Bur. Standards J. 
Research 12, August (1934). 
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Acoustical Society News 


The next meeting of the Acoustical Society 
will be held in Pittsburgh, Pennsylvania, on 
December 28 and 29 and will include joint meet- 
ings with the American Physical Society and the 
American Association for the Advancement of 
Science. Among other features there will be two 
symposia, one on noise measurement and another 
on measurement of sound absorption coefficients. 
The American Association is planning an at- 
tractive meeting for Sunday, December 30, 
which many of our members will want to stay 


Following is a list of members of the Society 
whose present addresses are unknown to the 
Society. The addresses given are the last ones 
known but are believed to be incorrect because 
mail has been returned. Any information as to 
the whereabouts of persons on this list will be 
appreciated. Please write to the Acoustical So- 
ciety of America, 919 N. Michigan Avenue, 
Chicago, Illinois. 


Walther Akemann, Falkenried 16, Berlin-Dahlem, Ger- 
many. 

A. A. Barbera, Weston Electrical Instrument Corp., 502 
Delta Building, Los Angeles, California. 

Ralph R. Batcher, 11335 198th St., Hollis, N. Y. 

Harold Bauer, 190 Riverside Drive, New York, N. Y. 

Helmer Bergman, Metropolitan Sound Studios, 
1040 Las Palmas Avenue, Hollywood, California. 

Harry Bettoney, The Cundy-Bettoney Co., Jamaica 
Plain, Boston, Mass. 

John Boland, Box 29, Grand Central P.O., New York, 
he 

R. K. Bonell, 45 Clinton St., Newark, N. J. 

A. F. Braun, Paramount Famous Lasky Corp., 5451 
Marathon St., Hollywood, California. 

Leander Brown, 135 Spring St., Rochester, N. Y. 

Clair G. Brunn, 121 E. Seventh St., Cincinnati, Ohio. 

Edwin H. Busch, Jr., Johns-Manville Corp., 230 N. 
Michigan Ave., Chicago, III. 

Donald A. Bush, The Fred J. Burt Co., 605 Genesee 
Building, Buffalo, N. Y. 

Howard E. Campbell, Pathé Cinema, 117 Blvd. Hauss- 
mann, Paris, France. 

Eugene J. Cannon, Cork Insulation Co., Inc., 154 Nassau 
St., New York, N. Y. 

C. G. Cocker, The Fred J. Burt Co., 605 Genesee Building, 
Buffalo, N. Y. 

E. H. Cooley, RCA Victor Co., Engineering Dept., 
Camden, N. J. 


Inc., 
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to attend. They are also arranging an elaborate 
exhibit of scientific instruments. Mr. B. ¢ 
Churcher of the Metropolitan-Vickers Company 
of England will present a paper at the Acoustica] 
Society meeting. A program of the meeting yi] 
be sent to members about December 15. The 
chairman of the committee on program and 
arrangements for the Pittsburgh meeting is Mr. 
C. R. Hanna, Westinghouse Electric and Many. 
facturing Company, East Pittsburgh, Pennsyl. 
vania. 


J. A. Davidson, Armstrong Cork and Insulation Co., 
Lancaster, Pa. 

E. A. H. Daw, Yorkshire House, 14 Spring St., Sydney, 
Australia. 

E. S. Donovan, Ford Motor Co., Engineering Labs, 
Dearborn, Mich. 


W. E. Duersten, Keldur Corp., 26 Avenue B, Newark, 


N. J. 

Robert F. Earhart, Ohio State University, Columbus, Ohio, 

Russell T. Ervin, Jr., William Fox Studio, Sound Recording 
Dept., Hollywood, California. 

G. F. Fairbrass, Johns-Manville Corp., 230 N. Michigan 
Ave., Chicago, III. 

J. F. Foster, Johns-Manville Corp., 230 N. Michigan 
Ave., Chicago, IIl. 

Samuel Freedman, Qualitone Corp., 5360 Melrose Avenue, 
Hollywood, California. 

George H. Gates, Union Fibre Sales Co., Winona, Minn. 

John H. Giles, The Insulite Co., 1100 Builders Exchange 
Bldg., Minneapolis, Minn. 

Thomas Giles, University of Utah, Salt Lake City, Utah. 

A. B. Goodin, 678 So. Loraine, Los Angeles, California. 

A. W. Graning, Johns-Manville Corp., Cor. Magazine and 
Gravier Sts., New Orleans, La. 

E. C. Gryce, 2416 East 43rd St., Minneapolis, Minn. 

J. H. Hadfield, Hadfield Eng. Co., 831 W. 10th St., 
Los Angeles, California. 

G. W. Halik, College of the Pacific, Stockton, California. 

Walter E. Hall, 14 E. 44th St., New York, N. Y. 

W. J. Hannah, Rothermel Corp., Ltd., Tremlett Grove, 
Junction Rd., Highgate, London, England. 

D. F. Harbaugh, The Harbaugh Process Co., 2558 S. 
Union Ave., Chicago, IIl. 

F. B. Hastings, Acousti-Service Co., 203 East 44th St., 
New York, N. Y. 

William L. Haven, The Celotex Co., 101 Park Ave. 
New York, N. Y. 

William A. Heilprin, American Acoustic Co., 124 N. Third 
St., Philadelphia, Pa. 

Roy S. Hibshman, Motor Player Corp., 340 W. Huron St. 
Chicago, III. 
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R. F. Holbrook, Johns-Manville Corp., 230 N. Michigan 
Ave., Chicago, III. 

H. F. Hopkins, 1259 Devon Ave., Chicago, Ill. 

Morgan R. Howe, Kobold Corp., 6818 Santa Monica 
Blvd., Los Angeles, California. 

John F. Humes, 16 Ridley, Del County, Aldan, Pa. 

George B. Hutsler, Watson Engineering Co., 100 Hancock 
St., Peoria, Ill. 

Cc. R. Jacobs, 119 Union Turnpike, Kew Garden, L. L., 
N. Y. 

M. G. Jacobson, General Electric Co., 1 River Road, 
Schenectady, N. Y. 

Donald S. Johnson, 2656 Tanoble Drive, Altadena, 
California. 

G. S. Jones, General Insulating and Mfg. Co., Alexandria, 
Ind. 

LeRoy E. Kern, American Institute of Architects, Struc- 
tural Service Dept., 1741 New York Avenue, N.W., 
Washington, D. C. 

M. E. King, c/o D. T. Bell, 300 West 12th St., New York, 
N. Y. 

John C. Koonz, 155 East Ohio St., Chicago, Ill. 

Otakar Levey, Riegrovo nabrezi 30, Prague II, Czecho- 
slovakia. 

P. C. Lipscomb, Johns-Manville Corp., 292 Madison Ave., 
New York, N. Y. 

C. A. Mace, 325 12th Ave., S.E., Minneapolis, Minn. 

Louis Malter, Physics Dept., Cornell University, Ithaca, 
N.Y. 

R. E. Martin, Electrical Research Products, Inc., 250 
West 57th St., New York, N. Y. 

E. Montague Marvin, Newhaven, Harrow Road, Wembley, 
Middlesex, England. 

Albert Chase McArthur, 311 West Jefferson St., Phoenix, 
Ariz. 

Kenneth D. McGrew, Cork Insulation Co., Inc., 154 
Nassau St., New York, N. Y. 
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Marion L. Miller, U. S. Gypsum Co., 300 West Adams St., 
Chicago, III. 

John P. Minton, 8 Church St., White Plains, N. Y. 

Vernon H. Noble, U. S. Gypsum Co., 1310 Santa Fe Bldg., 
Dallas, Texas. 

John C. Parker, Box 302, Pahokee, Fla. 

Bruce Piersall, Paramount Famous Lasky Corp., 5451 
Marathon St., Hollywood, California. 

Norman J. Porske, 111 N. Canal St., Chicago, III. 

K. M. Ronan, Stinson Aircraft Corp., Northville, Mich. 

E. Hart Ross, 5432 Lemon Grove Ave., Hollywood, 
California. 

O. A. Ross, 198 Broadway—Room 903, New York, N. Y. 

John J. Salmon, Watson Engineering Co., 152 W. Wiscon- 
sin Ave., Milwaukee, Wis. 

K. P. Seacord, 354 East 66th St., New York, N. Y. 

John Robert Shumate, Jr., 1637 Central Parkway, 
Cincinnati, Ohio. 

H. W. Stewart, Armstrong Cork and Insulation Co., 
Lancaster, Pa. 

Ray H. Stimpert, 425 Fulton St., Alexandria, La. 

Paul H. Tartok, Sleeper Radio and Mfg. Co., Long Island 
City, N. Y. 

Elmer O. Thompson, 241 Trenton Ave., Barrington, N. J. 

G. A. Toepperwein, RCA Photophone, Inc., 411 Fifth 
Ave., New York, N. Y. 

L. D. Trefry, 2131 Bueter Rd., Fort Wayne, Ind. 

Edgar G. Ulmer, 460 Morse Ave., Ridgefield, N. J. 

Paul J. Washburn, Johns-Manville Sales Corp., 97 E. 
Wisconsin Ave., Milwaukee, Wis. 

P. W. Willans, 7 Ormonde Mansions, Southampton Row, 
London, W.C.1, England. 

Willis K. Wing, Doubleday, Doran and Co., Inc., Garden 
City, N. Y. 

W. V. Wolfe, 1482 Broadway, New York, N. Y. 

W. L. Woolf, The Amplion Corp. of America, 38 West 
21st St., New York, N. Y. 

F. Russell Zinn, 6027 Columbia Ave., Philadelphia, Pa. 
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The Acoustical Materials Association 


WALLACE WATERFALL 


T the December 1933 meeting of the 
Acoustical Society of America meeting in 
Chicago the organization of the Acoustical 
Materials Association was announced and its 
aims briefly stated. As many of the readers of 
this Journal are interested in the commercial 
phases of architectural acoustics it seems in order 
to submit a statement regarding the Association 
and its present status. 

On March ist, 1933, representatives of a 
number of acoustical material manufacturers met 
in Chicago to discuss the various problems 
confronting the industry. It became apparent 
that the variation in absorption data on different 
products was one of the most disturbing factors 
in the industry. The manufacturers recognized 
that several existing organizations were making 
efforts to cope with the situation by standardizing 
test methods. Such standardization is highly 
desirable but it proceeds slowly and, even if 
universally adopted, there is still the possibility 
of small variations in the data from different 
laboratories which can be magnified in sales 
work. Manufacturing variations in a material 
may greatly affect its sound absorption coefficient 
and it was the opinion of the manufacturers that 
it would benefit the industry if some plan could 
be devised whereby the consumer could be sure 
that the product he bought was comparable in 
acoustical value to the sample tested. This would 
involve a certain amount of policing which could 
be accomplished only through the formation of an 
Association of manufacturers. 

The Chicago meeting resulted in the organiza- 
tion of the present Association, the selection of an 
Official Laboratory for making acoustical tests 


for the Association members and the establish. 
ment of a Technical Advisory Committee. This 
Committee is composed of those professional me 
who have been most active in experimental and 
consulting work in architectural acoustics. The 
Committee chose the test method employed by 
the Official Laboratory and is consulted by the 
Association on technical problems which arise, 
The Association members started having their 
various products tested at the Official Laboratory 
about the middle of 1933. Enough tests were 
completed to warrant the first publication jp 
February, 1934. A pamphlet entitled Theory and 
Use of Architectural Acoustical Materials and 
another Official Bulletin of the Acoustical Ma- 
terials Association, were printed and distributed 
at that time. The former is a brief treatise on the 


subject for practical use and the latter contains’ 


the absorption coefficients and specifications of 
the materials tested. The Official Bulletin will be 
reissued periodically to include new test data. 

The Association is in no sense a closed 
organization. Membership is open to any manv- 
facturer of acoustical materials and dues and 
other fees are purposely low. 

It has not yet been decided what other 
activities the Association may undertake but the 
benefits of the cooperative movement are already 
so apparent that the members believe the future 
holds many possibilities. 

The members and directors of the Association 
and the members of the Technical Advisory 
Committee are listed below. Further information 
regarding the Association can be obtained from 
any of the persons named. 


MEMBERS 


Armstrong Cork & Insulation Co., Lancaster, Pa. 
Atlantic Gypsum Products Co., 40 Central St., Boston, Mass. 


The Calicel Company, Marietta, Ohio 


The Celotex Company, 919 North Michigan Ave., Chicago, IIl. 
Johns-Manville Sales Corp., 22 East 40th St., New York, N. Y. 
Masonite Corporation, 111 West Washington St., Chicago, Ill. 
National Gypsum Company, Buffalo, N. Y. 

Thermax Corporation, Farmers Bank Bldg., Pittsburgh, Pa. 

United States Gypsum Company, 300 West Adams St., Chicago, IIl. 
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DIRECTORS 


R. E. BENNETT, Thermax Corporation 

HAROLD R. BERLIN, Johns-Manville Sales Corp. 
C. W. Bowyer, The Calicel Company 

R. F. BurLey, National Gypsum Company 

R. H. Craic, Armstrong Cork & Insulation Co. 
R. T. MILLER, Masonite Corporation 

S. P. WALKER, United States Gypsum Company 
WALLACE WATERFALL, The Celotex Company 

J. A. WILL, Atlantic Gypsum Products Company 


TECHNICAL ADVISORY COMMITTEE 


V. L. CurIsLer, Bureau of Standards, Washington, D. C, 

Cart A. Erikson, Chicago, Iil., representing the American Institute of Architects 
V. O. Knupsen, Unwersity of California at Los Angeles, Los Angeles, Calif. 

R. F. Norris, C. F. Burgess Laboratories, Madison, Wisconsin 

Pau. E. SABINE, Riverbank Laboratories, Geneva, IIl. 

F. R. Watson, University of Illinois, Urbana, IIl. 

S. K. Wo tr, Electrical Research Products, Inc., New York, N. Y. 











